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WEST COAST CONVENTION 1960 


will be held 


MARCH 8-1] 


at the 


Alexandria Hotel, Los Angeles 


Don’t forget to send in your paper as early as possible 
to make this year’s West Coast meeting the biggest 
and best yet. 


Walter T. Selsted 

Chairman, West Coast Convention 
Ampex Corporation 

934 Charter Street 

Redwood City, California 
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Progress Report of Panel 1 of the | 


JANUARY 1960, VOLUME 8, NUMBER 1 


National Stereophonic Radio Committee” | 


Cuarves J. Hirscut | 


Hazeltine Research Corporation, 59-25 Little Neck Parkway, Little Neck, New York? 


A discussion is given of the objectives of the National Stereophonic Radio Committee (NSRC), 
the manner in which it is organized, and the status of its work to date. General information is 


also given on the types of systems proposed for AM, FM, and TV stereo broadcasting. 


WENTY-TWO stereophonic systems are currently being 
examined by the National Stereophonic Radio Commit- 
tee (NSRC) whose function is to make detailed technical 
studies of the several possible methods of providing compati- 
ble stereo sound for the AM, FM, and TV broadcast serv- 
ices. (Charter and organizational structure of the NSRC 
are given in Appendixes I and II.) 
The systems being examined are: 
1. Systems for FM Broadcasting: 11 
(a) Calbest, Crosby, Halstead, EMI, GE, Philco, 
Zenith, Volpe, Svorec, Neely, and Lippincott. 
2. Systems for AM Broadcasting: 7 
GE, Kahn, EMI, Philco, Westinghouse, CBS, and 
RCA (see note). 
3. Svstems for TV Sound: 4 
GE, EMI, Motorola, and Philco. 

Note: Neither CBS nor RCA submitted system specifica- 
tions to NSRC. Knowledge of these systems was trans- 
mitted to the NSRC by the FCC which became aware of 
their existence through applications made by CBS and RCA 
for experimental broadcast permits. 


BRIEF DESCRIPTION OF EACH SYSTEM 


A. Systems for FM Broadcasting 


All systems proposed for FM broadcasting, except Hal- 
stead, transmit a signal made up of the sum of the outputs 
of the left and right microphones (L+ R) with a band- 
width of 15 ke as the main modulation of the FM signal. 
This signal is called “compatible” because it carries all the 
information that a monaural receiver would normally re- 


* Presented October 8, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

t Formerly, Chairman, Panel 1, National Stereophonic Radio Com- 
mittee. 
+ Now with RCA Laboratories Division, Princeton, New Jersey. 


ceive from a monaural transmission. The stereo informa- | 
tion, usually L—R, is transmitted by modulation of a sub- | 
carrier. 

Calbest, EMI, Crosby, and Halstead transmit the stereo 
information by frequency modulating the subcarrier and | 
are referred to as FM-FM systems. 

Philco, GE, and Zenith use amplitude modulation and are 
referred to as FM-AM systems. | 

Volpe, Svorec, Neely, and Lippincott use time-multiplex 
which can be shown to be FM-AM with a suppressed carrier. 

In all of these cases, the modulated subcarrier, whether 
FM or AM, is added to L + R and the total signal is used 
to modulate the FM transmitter. 


1. Systems Using an FM Subcarrier—FM-FM 


(a) EMI.—The most distinctive of these systems is EMI 
which transmits a “steering” signal L’/(L’ + R’) which 
divides the L + R information between the left and right 


speakers as L’/(L’ + R’) changes from unity to zero. EMI 
claims that the steering signal requires a bandwidth of only | 
100 cps. It is used to FM a subcarrier at about 16 ke with) 
a deviation between 100 and 500 cps. 

The high economy of bandwidth allows spectrum space 
for other services such as storecasting or higher modulation 
of the main (compatible) signal. 

(b) Calbest—Transmits a (—R) signal, limited in band- 
width to 3.5 kc, by FM of a subcarrier at 27 kc with a de- 
viation of 5 kc. Calbest claims that more bandwidth for | 
the subcarrier would be deleterious and increase crosstalk | 
between L and R above 3.5 kc. This is because differential 
delays in the transmitter and receiver between L—R and 
L+R might result in reinforcement instead of cancella- 
tion. The reduced bandwidth allows other services such as 
storecasting and also permits increased modulation. 

(c) Crosby—Transmits L—R with full bandwidth cas! 
kc) by FM of a subcarrier at 40 kc with a deviation of 25) 
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kc. This leaves no room for other services, but Crosby 
claims superior stereophonic performance as the result. 

(d) Halstead—Transmits 2L — R with 15 kc as the main 
compatible signal with some deterioration of compatibility. 
This system also transmits 2R —L by FM of a subcarrier at 
41 kc. It also transmits other services with 8-kc bandwidth 
by FM of a second subcarrier at 67 kc with a deviation of 
8 ke. 


2. Systems Using an AM Subcarrier—FM-AM 


All of these systems transmit (L—R) at essentially full 
bandwidth on different subcarrier frequencies but are willing 
to adopt a common value. The AM subcarrier and the main 
(compatible) signal (L + R) are impressed as the modula- 
tion of an FM transmitter. The systems differ in the fol- 
lowing respects: 

(e) General Electric—Transmits L+R at 45% of 
maximum deviation and L—R as a normally amplitude- 
modulated (up to 100%) subcarrier having 334% of maxi- 
mum amplitude. Both sidebands are transmitted. 

(f) Zenith—Transmits L—R with 15 ke bandwidth by 
AM of a subcarrier suppressed to 10% of its normal value. 
Both sidebands, the pilot carrier, and L + R are impressed 
on the FM transmitter. 

(g) Philco—Does essentially the same but transmits 
only the lower side band, the pilot carrier, and L + R. 

(h), (i), (i), (k)—Volpe, Svorec, Neely, and Lippincott 
sample the left and right signal alternately at rates of 20, 
20.675, 15, and 100 kc, respectively. It can be shown that 
the sampling results in a (L + R) audio signal plus a sup- 
pressed subcarrier at the sampling frequency f,. which is 
amplitude-modulated by (L—R). Unless the audio band- 
width applied to the sampling switch is severely limited, 
sampling rates below 30 kc will result in overlap of L+ R 
audio components and the lower side band |f,,—(L—R) | ke 
of the suppressed subcarrier. A subcarrier at 100 kc is just 
on the edge of the FM channel pass band. The proponents 
of these systems have been notified of these difficulties and 
asked to resubmit specifications in terms of an FM-AM 
signal. These four systems should then reduce to one, which 
in turn should resemble Zenith very closely. 


B. Systems for AM Broadcasting 


All of these systems, except Kahn, transmit (L—R) as 
AM of the only carrier; RCA, GE, and Westinghouse trans- 
mit (L—R) by FM of the carrier, as follows: 

1. RCA by deviation of 500 cps for 100% modulation at 
low frequency. The low deviation insures compatibility 
with existing AM receivers. 

2. GE transmits (L—R) from 0.3 to 4 ke with a maxi- 
mum deviation of 4 kc. Precompensation at the transmitter 
is used to prevent crosstalk between (L—R) and (L+ R) 
due to the fact that IF amplifiers in receivers are not flat 
and FM is thereby converted to AM. 

3. Westinghouse resembles GE except for an audio pass 
band from 0.3 to 3 kc and a maximum deviation of 3 kc. 


4. and 5. Philco and CBS are essentially alike. A carrier 
is amplitude-modulated by L or L —R, and a second carrier 
at the same frequency as the first but displaced in phase by 
90°, is modulated by R or L+R. The two modulated 
carriers in quadrature are added together to form a single 
signal which is modulated: (a) in amplitude by L + R. 
This is the signal which is received by existing AM receiv- 
ers; (b) in phase by L—R. A reference phase is transmitted 
to allow the stereophonic receivers to separate the two modu- 
lations by synchronous detection or other methods. 

Since phase and frequency modulation differ only in the 
frequency characteristic of the modulating wave, the Philco 
and CBS systems bear a strong family resemblance to the 
RCA, GE, and Westinghouse systems. 

6. EMI transmits a steering signal equal to L’/(L’ +- R’) 
by FM of the carrier by 200-cps deviation. 

7. Kahn transmits a carrier whose lower side band is L 
and whose upper side band is R. A standard AM receiver 
tuned exactly to the carrier frequency receives both side 
bands equally, and for that reason the signal is said to be 
compatible. Two receivers tuned respectively to each side 
band produce the stereo effect. A single tuning knob re- 
ceiver can of course be designed that will tune automati- 
cally to each side band. As of this date, Kahn has sub- 
mitted almost no information about his system and therefore 
many questions are still unanswered. True single side-band 
modulation introduces phase modulation and amplitude dis- 
tortion. In single side-band modulation, half the power 
is in amplitude modulation and half in phase modulation. 
Each audio component of the modulating wave is shifted in 
phase by 90° and this results in a form of differentiation 
with resulting amplitude distortion. Kahn should supply 
data on the importance of this effect. 


PRIORITY GIVEN TO SYSTEMS FOR STEREOPHONIC 
FM BROADCASTING 


Panel 1 has given priority to those systems proposed for 
FM broadcasting because of FCC Docket 12517 which per- 
tains to an inquiry “... to permit FM Broadcast Stations 
to Engage in Specified Non-Broadcast Activities on a Mul- 
tiple Basis...” 

The original closing date for the submission of comments 
to the FCC was extended from June 10, 1959 to December 
11, 1959 on EIA’s request. 


CLASSIFICATION OF SYSTEMS 


It was obvious to Panel 1 that a table should be drawn 
up whereby the characteristics common to all systems as 
well as the differences could be seen at a glance. Committee 
1.1, with D. Israel as chairman and B. F. Tyson as vice- 
chairman, was organized to draw up such a table. These 
characteristics included: 


1. For Each Carrier and Subcarrier 
1.1 Signal No. 
1.1.1 Information transmitted 
1.1.2 Bandwidth 
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1.1.3 Carrier frequency 

1.1.4 Type of modulation 

1.1.5 Blank 

1.1.6 Per cent deviation of main carrier due to signal 
No. 1 

1.1.6.1 For full Lor R 

1.1.6.2 For L—-R=0 

1.1.6.3 For uncorrelated L and R 


1.4 Resultant Signal at Stereophonic Receiver Output 
Terminal 
1.4.1 Left 
1.4.1.1 Information 
1.4.1.3 Audio bandwidth 
1.4.1.3 S/N loss compared to standard monophonic 
broadcast 
1.4.2 Right 


1.5 Resultant Signals at Monophonic Receiver Output 
Terminals 
1.5.1 Information 
1.5.2 Audio bandwidth 
1.5.3 S/N loss compared to standard monophonic 
transmission 


2.0 System Performance 
2.1 Open 
2.2 S/N impairment to stereophonic service compared 
to monophonic service 
Increase in distortion products 
Crosstalk between stereophonic channels 
Potential interference to other stations giving the 
same or other service 


23 
2.4 
2.5 


3.0 Equipment Considerations 
3.1 Transmitter changes for stereo conversion (minor, 
intermediate, major) 
3.2 Degree of adaptability of present monophonic re- 
ceivers to receive stereo system broadcast 


4.0 Subsidiary Service Consideration 
4.1 Unused spectrum available within 0-75 kc range 


OBSERVATIONS FROM TABLE 
A. Systems for FM Broadcasting 


When the table was filled for all FM systems, it was clear 
that they separated in several families. Each family was 
asked to reconcile its internal differences and try to arrive 
at a single family system or state the reasons why it could 
not be done. There were three main families as follows: 

1. EMI with a low bandwidth steering signal. Since this 
system is the only one of its kind and has unique advantages 
it can be evaluated only by “blindfold” comparative tests 
with other systems. Should it give an order of performance 
comparable with all other systems, it would stand very high 
in the list of recommendations. 

2. The FM-FM group consists of Calbest, Crosby, and 
Halstead. This group will meet at the Crosby Laboratories 
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to carry on tests aimed at arriving at a common system 
These tests will determine the necessary bandwidth for 
stereophonic transmission of L—R (or —R). It is hoped 
that the FM-FM group will agree on: (a) a single system 
which is optimum for stereo and storecasting; or if this is 
not possible, agree on (b) (1) a system which is optimum 
for stereo, and (b) (2) a system which is a compromise be- 
tween stereo and storecasting. The FM-FM group expect 
to report before the end of September. 

3. The FM-AM group reached the following preliminary 
findings: (a) The GE system provides the least expensive 
stereo performance because the receiver does not need to 
reconstruct the subcarrier. (b) Philco and Zenith, because 
they need not reserve modulation range for the subcarrier 
which is nearly suppressed, allow fuller modulation (almost 
100%) for L+ R and therefore are expected to provide 
superior monophonic and stereophonic reproduction. There 
appears to be little to choose between Philco and Zenith in 
performance. The same can be said for the time-multiplex 
systems after they are modified to be operative and will 
then resemble Zenith very closely. However, as stated 
above, the receivers are more complicated than the GE 
stereo receiver. 

The receiver panel (Panel 4) of NSRC will be asked to 
evaluate the relative complexity of the FM-AM receivers. 
If a system gives greater performance but results in costlier 
receivers, the facts will be presented to the FCC for decision. 

4. FM-FM versus FM-AM. 


A committee headed by Bruce Bogert of BTL and Nor- 
man Parker of Motorola is examining the relative merits of 
FM-FM and FM-AM on a theoretical basis. Its findings 
should be available by the end of September. 


B. Systems for AM Broadcasting 


Mr. B. F. Tyson of Sylvania (Vice-Chairman of Commit- 
tee 1.1) has been requested to bring the classification of the 
AM systems up to date. Since these systems resemble each 
other more closely than the FM systems, it is expected that 
agreement can be reached quickly. 


C. Systems for TV Sound 


Except for a preliminary classification of these systems by 
Committee 1.1, no evaluation has yet been made. 


SUBMISSION OF SYSTEM SPECIFICATIONS TO OTHER 
PANELS OF NSRC 


The work of Panel 1 has been delayed and made more 
difficult because of the inability of. Panel 6 (Subjective 
Tests) to find adequate test facilities at an early date. Such 
questions as the degree of compatibility, stereophonic per- 
formance, bandwidth required in L—R to provide good 
stereophony, and allowable degradation of stereophony to 
provide for storecasting can only be provided by compara- 
tive listening tests. Music, because of its transient nature, 
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is much more difficult to evaluate than a picture. The re- 
sults of calculations must be correlated with subjective 
evaluation. 


Panel 2 (Networking), Panel 3 (Transmitter), and Panel 
4 (Receivers) are examining the different systems with the 
aim of establishing and solving the problems in their fields. 
Thus Panel 2 will establish what signals can be networked. 
Panels 3 and 4 will examine the relative complexity of each 
system from the point of view of equipment complexity. 
From its own studies and from information obtained from 
the other panels, Panel 1 will recommend one or more sys- 
tems to be field-tested for each service. 


RECOMMENDATIONS TO THE FCC 


The ideal result would be for the NSRC to suggest a 
single system agreed upon by all proponents for each broad- 
casting service to the FCC. The ideal system would be 
completely compatible, give excellent stereophonic repro- 
duction, and provide for extra services. This system would 
operate independently of multipath propagation. Since the 
ideal system is not likely to come out of NSRC’s studies, it 
is the aim to present to the FCC the choice of several sys- 
tems which will provide the desired performance in one or 
more aspects and to let the FCC decide. 


APPENDIX | 
National Stereophonic Radio Committee 


Charter 


The function of the NSRC will be to make detailed tech- 
nical studies of the several possible methods of providing 
compatible stereo sound for the AM, FM, and TV broadcast 
services. The objective of these studies will be: 

1. To clarify the technical issues as between the several 
possible systems for each of these services. 

2. To verify the technical conclusions through appropri- 
ate field tests and obtain such information as may be neces- 
sary for channel utilization purposes for the determination 
of the choice of standards. 

3. To delineate appropriate signal specifications for the 
several services based upon the best scientific information 
and field test data available to the committee. 

The NSRC intends to obtain this information as a service 
to the public, the FCC, and the industry. The results of 
its studies will be made public as soon as the studies have 
been completed. 


Administrative Committee: 
Chairman: Dr. W. R. G. Baker, 601 Scott Ave., Syracuse, 
N.Y. 
Vice Chairman: D. B. Smith, Philco Corporation 


Members: D. G. Fink, Philco Corporation 
A. N. Goldsmith, 597 Fifth Ave., N. Y. 17, 
©, % 
I. J. Kaar, Hoffman Electronics Corporation 
A. V. Loughren, Airborne Instruments Labora- 
tory 
National Stereophonic Radio Committee: 
Chairman: C. Graydon Lloyd, General Electric Company 
Vice Chairman: R. N. Harmon, Westinghouse Broadcast- 


ing Co., Inc. 
Secretary: V. M. Graham, Electronic Industries Associa- 
tion 


Coordination Committee: 
Chairman: D. G. Fink, Philco Corporation 


APPENDIX II 


National Stereophonic Radio Committee Panel Organization 
Chairmen and Scopes 


Panel 1—System Specifications 
Chairman: C. J. Hirsch 
Vice Chairman: W. T. Wintringham 
Scope: Panel 1 shall consider system proposals for com- 
patible stereophonic broadcasting; shall identify the tech- 
nical issues in said proposals and refer them where necessary 
to other panels for detailed study; shall formulate a con- 
sistent set of transmission specifications for each form of 
broadcasting; and shall provide an over-all evaluation of the 
system performance implied in the specifications. 
Panel 2—Interconnecting Facilities 
Chairman; Axel Jensen 
Vice Chairman: J. M. Barstow 
Scope: Panel 2 shall study and recommend technical 
characteristics of interconnecting lines, networks, studio- 
transmitter links, and related stereo-transmission facilities 
between program origination points and the transmitters 
proper, said characteristics to include tolerable limits on 
crosstalk, relative time delay, frequency response, gain, and 
such other matters as must be controlled to assure a stereo 
signal of adequate quality at the transmitter input. 
Panel 3—Broadcast Transmitters 
Chairman: R. N. Harmon 
Vice Chairman: H. G. Towlson 
Scope: Panel 3 shall study the system proposals referred 
to it by Panel 1 with particular regard to (1) the feasibility 
of the proposed transmission method and (2) methods of 
adapting the proposals to existing broadcast transmitters. 


Panel 4—-Broadcast Receivers 
Chairman: J. N. Benjamin 
Vice Chairman: F. B. Williams 


Scope: Panel 4 shall study the system proposals referred 
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to it by Panel 1 with particular regard to (1) the perform- 
ance of existing monophonic receivers when tuned to the 
stereophonic signal or signals (receiver compatibility), (2) 
the performance of stereophonic receivers designed for the 
stereophonic signal (stereo performance), and (3) the per- 
formance of stereophonic receivers when tuned to mono- 
phonic signals (reverse receiver compatibility ). 
Panel 5—Field Testing 

Chairman: A. Prose Walker 

Vice Chairman: R. H. Beville 

Scope: Panel 5 shall study and compare the system pro- 

posals referred to it by Panel 1 and the existing services 
with particular regard to coverage, interference effects, and 
other matters related to channel utilization; and shall con- 
duct field tests with the advice and assistance of the other 
Panels. 
Panel 6—Subjective Aspect 

Chairman: Dr. A. N. Goldsmith 

Vice Chairman: Dr. M. R. Schroeder 

Scope: Panel 6 shall provide to the other panels the avail- 

able scientific information on the subjective aspects of the 
stereophonic reproduction of sound. 
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Acoustics of Sound Reproduction in the Home" 


Harry F. OLson AND HERBERT BELAR 


RCA Laboratories, Princeton, New Jersey 


To develop a high order of satisfaction for the listener in the home with sound reproduction 


from a radio receiver or phonograph requires the application of both art and science. 


The highest 


order of listener acceptance in sound reproduction is obtained when both the artistic and scientific 
aspects are integrated and developed to the maximum degree possible within the constraints of 
practical considerations. The scientific and artistic fundamentals of sound reproduction in the home 
are developed from the standpoints of ideal sound reproducing systems, the acoustics of stereophonic 
sound, and the application of communication theory to stereophonic sound reproduction. 


INTRODUCTION 


DEVELOP a high order of satisfaction for the listener 
in the home with sound reproduction from a radio re- 
ceiver or phonograph requires the application of both art 
and science. With very limited means of communication it 
is possible to create satisfactory artistic illusions in the 
listener’s mind by relying upon his personal knowledge and 
by appealing to his feelings. Realism can be created by 
purely technical means provided the conditions can be speci- 
fied in physically realizable terms. The highest order of 
listener acceptance in sound reproduction is obtained when 
both the artistic and scientific aspects are integrated and 
developed to the maximum degree possible within the con- 
straints of practical considerations. Therefore, it seems 
logical to examine the artistic and scientific fundamentals of 
sound reproduction in the home. Accordingly, it is the pur- 
pose of this paper to describe ideal sound reproducing sys- 
tems, the fundamentals of stereophonic sound reproduction, 
and the application of communication theory to the acous- 
tics of stereophonic sound reproduction. 


IDEAL SOUND REPRODUCING SYSTEMS 


To achieve complete realism, an ideal sound reproducing 
system should produce sound which is indistinguishable from 
the original. To demonstrate the performance Of such a 
system would require a setup which allows the direct com- 
parison of reproduced and original sound. Under living 
room conditions of listening, the three concepts on which 
such setups may be based! will be described in the sections 
which follow. 


Ideal System No. 1 
The first ideal system is a monophonic sound reproducing 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

1 These concepts do not apply in the same manner to large audi- 
toriums, as for example, the Radio City Music Hall, which since its 
inception has been équipped for the reproduction of sound in audi- 
tory perspective. 


system in which one microphone, used to pick up the origi- 
nal sound, is coupled to a single transducing channel which 
in turn is coupled to a single loudspeaker, as shown in Fig. 
1. In this system the artist is brought into the living room 
and his performance is compared with a reproduced per- 
formance. The system is defined as ideal if the listener 
cannot hear any difference between the two performances. 
This requires that there will be no distortion of any kind 
introduced in the reproduced sound and also that certain 
acoustical conditions are satisfied. The recording must be 
made in a “free field” sound room, as otherwise reflections 
from a wall not present in the living room would immedi- 
ately give it away, even to the noninitiated listener. If the 
directional radiation pattern of the sound created by the 
artist is not too different from that produced by the loud- 
speaker, as for example, the human voice, it may be possible 
to simulate the ideal with only a single channel. However, 
if the spatial radiation pattern of the original sound source 
differs from that of the loudspeaker to any appreciable ex- 
tent, then a number of channels would be required to convey 
the information. For example, the ideal reproduction of a 
piano in the living room would require the directional radia- 
tion of sound which is a very complex function of the fre- 
quency and may also require some acoustic coupling of the 
reproducer to the floor. 


Ideal System No. 2 


The second ideal system is a binaural sound reproducing 
system in which two microphones, used to pick up the origi- 
nal sound, are each connected to two independent corre- 
sponding reproducing channels which in turn are connected 
to two independent corresponding earphones worn by the 
listener, as shown in Fig. 2. In this system the listener is 
brought into the auditorium, where the original rendition is 
being performed under accepted acoustical conditions of a 
concert in an auditorium, by means of a binaural sound 
reproducing system. A binaural system would be ideal if 
it supplied to each of the listener’s ears exactly the same 
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Fic. 1. A monophonic sound reproducing system. 


sound pressure that would reach him were he not wearing 
the carp.iones and located in tne pickup location. To pick up 
this sound requires microphones having the same directional 
characteristics as the listener’s ears and placed in the same 
or equivalent dimensional and geometrical arrangement. 
Binaural sound reproducing systems, requiring earphones, 
have not been acceptable, although without doubt some very 
dramatic results can be obtained. 


Ideal System No. 3 


The third system is in essence the idea of bringing the 
listener and his living room to the original performance, 
adjacent to the concert hall or even within it, removing one 
wall from the living room and letting all the sound stream 
in tarouga the wnole side of the room instead of just a 
single hole. The wall is then replaced by a multiple chan- 
nel sound reproducing system and the reproduced sound is 
fed into the same living room from a set of speakers each 
connected to a separate channel. The test of the system is 
then to remove the wall and let the listener hear the original 
sound directly and then replacing the wall in combination 
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with a sound reproducing system and letting him hear the 
reproduced sound. By the criteria mentioned before, the 
system is defined as ideal when the listener cannot tell the 
difference between the two conditions. A better picture of 
the systems can be gained from Figs. 3 and 4. Figure 3 de- 


picts the condition of listening to the original sound, which | 


the sound reproducing channel must meet to be termed 
ideal. Figure 4 depicts the sound reproducing system in 
operation. 


To make the sound reproducing system ideal requires, | 


again, that there be no distortion, but, in addition, that a 
sufficiently large number of channels be employed to repro- 
duce the smallest angle of sound direction which the lis- 
tener can resolve. The wall which is considered to be re- 
moved should not reflect sound, the time constant of the 
living room should be negligible compared to the original 
auditorium, or better still, all walls of the living room should 
have no reflections. Depending upon the degree by which 
the ideal is approached, it is then possible to create a real- 
istic presentation of a concert hall adjoining the living room 
without any interfering partitioning. This is equivalent to 
the hearing of an opera from the Emperor’s Loge or being 
in a room opening onto the Mormon Tabernacle or just 
open space. There may be no external room at all, an artist 
just at the edge of the living room. All this is possible be- 


cause the effect of any sound source upon a given point in | 
space can be represented by an infinite number of zero-order | 
generators located in a surface interposing all the paths the — 
sound can take, provided these generators each have the 


same amplitude and phase as the original sound wave going 
through the same surface at the same point. 
Fortunately again, even with only two sound reproducing 
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Fic. 2. A binaural sound reproducing system. 
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ACOUSTICS OF SOUND REPRODUCTION IN THE HOME 


sources using two separate channels, a very satisfactory ap- 
proximation to the ideal is obtained even if theoretically an 
infinite number is required. Each additional channel helps, 
but the most striking improvement is gained when changing 
from a monophonic sound system to a two-channel stereo- 
phonic sound system. 


ACOUSTIC FUNDAMENTALS UNDERLYING ENHANCEMENT 
DUE TO STEREOPHONIC SOUND 


The enhancement of sound reproduction in the home ob- 
tained with stereophonic sound reproduction has been known 
to workers in the field for two decades and has recently been 
so universally accepted that it is no longer necessary to 
argue the point of the superiority of stereophonic sound 
reproduction over that of monophonic sound reproduction. 
In this connection, it appears desirable to point out the 
fundamentals of stereophonic sound because these are not as 
well known or understood, and a knowledge of them can 
lead to even greater improvements than are now realized. 
The fundamentals of stereophonic sound reproduction listed 
in the order in which they become apparent but not in the 
order of their importance are as follows: (1) sound location, 
(2) separation and identification of tone qualities, and (3) 
room acoustics. These three items constitute the elements 
of auditory perspective. 
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Fic. 3. A standard~or reference listening condition in which a living 
room with one wall removed is located in a concert hall. 
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Fic. 4. A multichannel stereophonic sound reproducing system 
which approximates the listening conditions of Fig. 3. 


Sound Location 


Reproduction of sound in auditory perspective provides 
a subjective illusion of the distribution of the reproduced 
sound sources in lateral directions as well as in depth in a 
geometrical configuration and correspondence which ap- 
proximate the disposition of the original sound sources. 
This characteristic of stereophonic sound has been the sub- 
ject of discussion by many music lovers as well as famous 
musicians who have given the general subject thought long 
before sound reproducing systems were developed. There 
have been many references, in years gone by, on different 
arrangements for symphony orchestras and there were some 
that never reconciled themselves with the move of all the 
violins to the same side. Richard Wagner had an audi- 
torium built in which the orchestra was so located that none 
of the sounds from the instruments would arrive at the 
audience directly but emanated as a blend to accompany 
the voices. Nevertheless, the ability to locate the various 
sound sources in stereophonic sound reproduction provides 
one of the salient features of the reproduction of sound in 
auditory perspective. In addition, stereophonic sound re- 
production provides enhancement of the reproduced sound 
for other reasons which will be described in the sections 
which follow. 


Separation and Identification of Tone Qualities 


Many listeners have observed that stereophonic reproduc- 
tion sounds clearer and less distorted even if conventional 
measurements of the nonlinear distortion factor or inter- 
modulation tests do not so indicate. The reason for this 
is that in most musical selections more than one tone is 
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generated at any one time. In stereophonic sound repro- 
duction each instrument appears to come from a different 
location if the separation is sufficient. Through his binaural 
sense the listener can then segregate and associate together 
overtones and fundamental tones which belong to each in- 
strument. For example, the violin with its fundamental 
and overtones is heard distinctly and separately from, say, a 
clarinet playing the same note. If both sets of overtones as 
well as the respective fundamentals are forced to come from 
the same source, the listener cannot tell which overtones 
belong to which instrument, and as a result he may experi- 
ence the illusion that they are distorted. In this respect, a 
stereophonic system shares some of the advantages of a true 
binaural system. For example, it has been demonstrated 
that if two people are talking in the same room at the same 
time, a listener can concentrate on one and understand him; 
whereas he would have great difficulty doing so if he heard 
both speakers over a monophonic system. With a stereo- 
phonic or binaural sound system, this ability to separate the 
sound sources and understand each separately can be re- 
stored. 


Room Acoustics 


Stereophonic reproduction provides a solution to one of 
the most vexing problems, namely, the microphone place- 
ment for satisfactory pickup of the reverberant sound in the 
original auditorium. This comes about from the fact that 
a listener in a favorable position in a fine concert hall, lis- 
tening to an orchestra, will hear but a small fraction of the 
total sound directly. Probably 90% of the sound energy 
will reach the listener after it has been reflected one or more 
times from the walls. The reflected sound reaches him later 
and from different directions than the direct sound. All 
this is not an accident but according to design. The rever- 
beration time for any given size room and purpose has a 
different optimum value determined by long experience 
which has been formulated into rules for architectural acous- 
tics. When a microphone is placed in the same favorable 
listening position of the same fine concert hall, the results 
will not be satisfactory with a monophonic sound system. 
The reproduced sound will exhibit the characteristic which 
the radio engineer calls “off mike” or what the listener may 
describe as hollow or “in the barrel.” The reason for this 
is that although the reflected sound still bears the same ratio 
to the direct sound, and the reflected sounds still arrive in 
the same time delay pattern and it takes just as long as 
before for sound to decay, there is a significant difference. 
The reflected sound in monophonic reproduction comes from 
the same direction as the direct sound. The listener to the 
reproduced sound cannot now employ his binaural sense to 
segregate reflected from direct sound and, therefore, the 
same amount of reflected sound will cause a greater loss in 
intelligibility. This is so because the most logical explana- 
tion for the variation of optimum reverberation time with 
room size stated in simplified form is that the optimum 
reverberation time is the maximum sound reinforcement 


possible due to reverberation without interference with the 
perception of the growth process of sound in a room which 
is a function of the ratio of energy in the reflected sound 
to the direct sound, the time interval, and the relative di- 
rection.* 

That so many excellent recordings of orchestras were 
made for monophonic reproduction is a tribute to the art 
and skill of the recording engineers who in the face of the 
impossible made just the right compromises by placing 
microphones to favor individual characteristics of room and 
musical instruments. 

In stereophonic reproduction it is possible to restore re- 
verberation to the amount optimum for direct listening. 


For instance, instruments whose direct sound is reproduced 


from one speaker can have the reverberant sound repro- 
duced from the other and vice versa. This suggests that 
for a maximum spacious room-effect the instruments be 
made to favor either one or the other microphones or 
groups of microphones for direct pickup and that the other 
microphones are angled so as not to pick up direct sound 
but mostly reverberant sound for those instruments unless 
the difference in the path to the two microphones or groups 
of microphones is large enough to be counted as a first re- 
flection. In this case the direct sound can also be picked 
up by the second group of microphones. The ability to 


carry the room sound will be least when the source is to © 
appear in the center between the two speakers during repro- — 


duction. Therefore, depending upon the program material, 
with stereophonic reproduction it is possible to vary from 
intimate “highly-damped-room” sound reproduction to the 
effect of a great hall just adjoining and opening into the 
listener’s living room. 


COMMUNICATIONS THEORY AND ACOUSTICS OF 
STEREOPHONIC SOUND 


In a magnetic tape or photographic film sound reproduc- © 


ing system, the noise due to the recording medium varies 
in energy directly proportional to the width of the sound 
track. To use the same amount of recording material and 
employ two tracks, each must be made half-width. Then, 


neglecting space lost for a guard band, the noise power for | 
each track will be cut in half, but the amplitude that can | 


be recorded will also be cut in half; that is, the signal power 
has been reduced to one-fourth. The net result is that the 
signal-to-noise ratio for each track has been decreased about 
3 db. The signal-to-noise ratio due to the recording me- 
dium in disk recording with either the 45-45 system or the 
vertical-lateral system decreases by the same amount for 
the same utilization of the record surface. In this case the 
amplitude is reduced 3 db and the noise stays the same. 
However, the information* carried by each channel is pro- 
portional to the product of bandwidth in cycles and the 


2C. M. Sinnett and H. Belar, U. S. Patent 2,536,664 (January 2, 
1951). 

3C. E. Shannon and W. Weaver, The Mathematical Theory of 
Communication (The University of Illinois Press, Urbana, IIl., 1949). 
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noise-to-signal ratio in db and may be expressed as 
C= 0.332 W K, (1) 


where C = information, in bits per second, expressed as the 
logarithm to the base 2 of the number of different messages 
that can be sent each second, W =— the effective bandwidth, 
in cycles per second, K = 10 logig (P + N)/N, P = power 
in signal, in watts, and N = power of noise, in watts. When 
P is large compared to NV, (P + N)/N = P/N. 

The factor 0.332 = 1/(10logi9”) converts information 
from (cycles) (decibels) to bits. 

If the system is such that each channel can and does carry 
information different and independent of the other one. then 
the information carried by both channels may be added. 
Under these conditions, that is, with the information carried 
by the two channels of each 3 db less signal-to-noise ratio, 
Eq. (1) then becomes 


C = 0.332 W 2(K —3) bits per second. (2) 


The ratio of the information handling capacity of the stereo- 
phonic system compared to the monophonic system using the 
same amount of recording material becomes then 


C stereophonic C monophonte = | 2(K re 3) | K. (3) 


With a signal-to-noise ratio of 60 db, this ratio becomes 
114/60 = 1.9. Even with as low a signal-to-noise ratio as 
40 db, the ratio is 74/40= 1.85. Thus, it will be seen 
that the information capacity of the two-channel stereo- 
phonic sound system is nearly twice that of a monophonic 
sound system. 

The above analysis assumes that the systems are limited 
by noise in the recording and reproducing process. These 
conditions obtain in actual practice because the ambient 
noise is relatively low in the home. The formula for the 
transmitted information given above is a logarithmic quan- 
tity. Therefore, doubling means that the number corre- 
sponding to it has been squared. This is indeed a significant 
improvement and should also explain from a mathematical 
viewpoint why a listener obtains more satisfaction from 
stereophonic sound reproduction. In systems where the 
same sound is fed to both channels to any extent, that is, 
crosstalk, the advantage of transmitting increased informa- 
tion decreases by the amount of that dilution. 

From the above, it will be seen that in the design of an 
improved stereophonic system or in the evaluation of such 
systems from a technical viewpoint, it is necessary to add 
one more consideration; namely, the transmission of infor- 
mation to the first three discussed in the preceding section. 


SUMMARY 


The evaluation of any stereophonic system may be car- 
ried out by a consideration of the four fundamental aspects 
as follows: 

1. How accurately can the system locate the sound source 
or how well can it image that source? 


2. Does the system provide separation, and how well does 
it permit identification of tone quality of sources sounding 
at the same time from different locations? In other words, 
does it have the advantage of intelligibility associated with 
binaural hearing? 

3. Does it provide for reverberant sound to come from a 
different direction than the direct sound? 

4. Does it transmit more information? 


CONCLUSIONS 


A working hypothesis has been presented, and the con- 
cepts of ideal reproducing systems have been developed 
which provide a means for the evaluation of various forms 
of stereophonic systems in the home. Consideration of all 
the underlying acoustic fundamentals of auditory perspec- 
tive, as well as of communications theory applied to that 
field, are necessary in order to obtain a complete explana- 
tion. Systems which fulfill only one of the requirements, 
as for example, only sound location, are compromises and, 
therefore, are only temporary expedients. These considera- 
tions also show why systems which do not increase the 
amount of information transmitted are inherently deficient 
in performance. 

A study of the fundamentals presented serves as a guide to 
indicate the direction to take to make improvements and 
how to design experiments for the improved recording and 
reproduction of stereophonic sound. 


THE AUTHORS 


Harry F. Olson received the B.S., M.S., Ph.D., and E.E. 
degrees from the University of Iowa, and an Honorary D.Sc. 
degree from Iowa Wesleyan College. He has been affiliated 
with the Research Department of Radio Corporation of 
America, the Engineering Department of RCA Photophone, 
the Research Division of RCA Manufacturing Company, and 
RCA Laboratories. He is Director of the Acoustical and 
Electromechanical Laboratory of the RCA Laboratories. 

Dr. Olson is a past president of the Acoustical Society of 
America and past chairman of the Administrative Committee 
of the IRE Professional Group on Audio. 

He holds more than 82 U. S. Patents. He is the author of 
75 papers and the books, “Elements of Acoustical Engineering,” 
“Acoustical Engineering,” “Dynamical Analogies,” and “Musical 
Engineering.” 

Dr. Olson has received the following honors: the Modern 
Pioneer Award of the National Association of Manufacturers, 
the John H. Potts Medal of the Audio Engineering Society, 
the Samuel L. Warner Medal of the Society of Motion Picture 
and Television Engineers, the John Scott Medal of the City 
of Philadelphia, and the Achievement Award of the Profes- 
sional Group on Audio of the Institute of Radio Engineers. 

Dr. Olson is a member of Tau Beta Pi, Sigma Xi, and the 
National Academy of Sciences. He is a Fellow of the Society 
of Motion Picture and Television Engineers, the American 
Physical Society, the Institute of Radio Engineers, and the 
Acoustical Society of America, and an honorary member of 
the Audio Engineering Society. 


| heey - 
Co oh 
rs a j 
' 
Aa. f 
ai 
- 
sha 
4 aon 
pipe 
ae 
os 
eal 
Bot 
ss 
ca 
- 
= ] 
a a 
o3 
i 
wits 
ie! 
a 
“tg 
4 
le 4 
om 
— 
‘a 
7 ; 
pe : 
i + 
' | on 
e 
_ 2 
ne 
Z 
g 
a 
__ a 
yi 4 
. 
Ss 
a 
ir 
: 
FS : : 
ia 
oe b 
ff a 
: . 
> 
- 
a 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


JANUARY 1960, VOLUME 8, NUMBER ° 


Stereo Disk Problems” 


Erttnc P. Sxov 


Fairchild Recording Equipment Corporation, Long Island City, New York 


The purpose of this paper is to show the limitations of the stereo disk since the recognition of 


these limits should result in improved quality. 


Mentioned are three different kinds of distortion which may occur when a ball-shaped stylus 
Groove width vs amplitude of stereo information 


tip plays back a theoretically perfect groove. 


is calculated and compared to that of monophonic records. 


along with playing time. 


Limits for groove width are discussed 


Also covered is the relationship between amplitude and velocity when 


considering RIAA equalization and peak energy distribution of the program material. 

The theoretical and practical limits for vertical and lateral velocities are calculated revealing 
that it is quite possible to cut records which cannot be processed. Preferred playback stylus 
mounting when considering velocity and difference in “vertical” tracking angle between cutter and 


playback cartridge is mentioned. 


Finally, an example is given showing the frightening theoretical cutting levels if the signal is 


not modified before it is fed into the cutter. 


Possible modifications of the signal are mentioned, 


and examples throughout the paper give a picture of the practical conditions. 


INTRODUCTION 


Sipe purpose of this paper is not to discourage the record- 
ing industry but, on the contrary, to point out some of 
the many facets of stereo disk recording in order to facilitate 
the use of stereo equipment since it is always easier to work 
with something once its limitations are known. 


DISTORTION 


Of the different kinds of distortion some have been de- 
scribed in the literature. The distortion produced by a 
ball-shaped reproducing stylus following a modulated groove 
has been calculated. 

The distortion caused by the difference between the 
“vertical” tracking angle assumed by the cutter and that 
assumed by the playback cartridge has also been calculated.” 

A third form of distortion so far not mentioned is the 
one-sided compression which will occur in vertical playback 
if the minimum groove depth is less than the playback 
stylus radius divided by Y 2 as illustrated in Fig. 1. The 
smallest groove dimension is where the groove walls are still 
tangent to the spherical playback stylus tip. 

The compression C is found from Fig. 1: 


[Ss rV 2- (Wimin/2) ia [r* a (Win. 2)?] %, 


* Received October 30, 1959. 

1M. S. Corrington and T. Murakami, RCA Rev. 19, 2 (1958). 

2R. Narma and N. Chang Wu, “The development of a double 
rotating coil pickup,” paper delivered (AES Preprint No. 74) at the 
Tenth Annual Convention of the Audio Engineering Society, New 
York (Sept. 29-Oct. 3, 1958). 
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where ¢ is the playback stylus tip radius and W’,,;, the mini- 
mum groove width. 

If r= 0.7 mil, the minimum groove width without com- 
pression (C = 0) will be 1 mil. The 24, is peak-to-peak 
amplitude of the stereo information. 

These three different types of distortion all occur in play- 
back assuming a theoretically perfect groove; that is, a 
groove cut with a cutting stylus which has no thickness in 
the direction of the groove (a flat paper-thin stylus). 

In order to avoid this type of distortion, the maximum 
amplitude contained in the program material has to be 
known so that the depth control can be adjusted properly. 
The maximum stylus radius that will be used to reproduce 
the recording should also be known and preferably stand- 
ardized. 


PLAYING TIME 


The playing time of stereo records has been calculated 
before and will only be treated briefly here. 

If the maximum peak amplitudes contained in the pro- 
gram material are known along with the peak frequency 
distribution curve and the equalization, it is possible to cal- 
culate the maximum groove width. 

The peak energy distribution in sounds produced by 
groups of musical instruments as a function of frequency 
has been investigated by McKnight.* The conclusion of 
his findings is that many types of recording produce peak 
levels at the highest and lowest audible frequencies similar 


3 John G. McKnight, J. Audio Eng. Soc. 7, 65~71 (1959). 
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STEREO DISK PROBLEMS 13 

ey L SPHERICAL STYLUS TIP The statement that the groove width is W = Wain + 
2/ | ne 4\ 2 A, is true if there is coincidence of maximum ampli- 

[ SIGNAL PEAK tudes in adjacent grooves and if the grooves in that case 


-F-- 


“REPRODUCED SIGNAL 
PEAK TO PEAK 


Fic. 1. Compression in vertical playback. 


to or even slightly exceeding the levels at midfrequencies. 
We have in our laboratory several times confirmed these 
findings when asked to transfer program material from tape 
to disk. The old assumption that the peak level decreases 
with increasing frequency above | to 3 kc is therefore not 
always true. This assumption was unfortunately a basis 
for the RIAA treble pre-emphasis which for noise reasons 
may have been a necessity for disk recordings. 

The peak amplitudes of the stereo information in the 45° 
directions relative to the record surface is called “A,” (see 
Fig. 2). 

If similar signals occur in the two channels, three mo- 
tional configurations of the cutting stylus are of interest: 

(1) Two signals in phase at the stylus tip. Result: Purely 
vertical modulation. Groove width W = Wyyin +4Y 2 Ag. 

(2) Two signals with exactly opposite phase. Result: 
Purely lateral modulation. Groove width W = Wai, + 
4\ 2 A, as for vertical recording. 

(3) Two signals with 90° phase difference. Result: The 
stylus tip will describe a circular curve in the “vertical” 
cutting plane and a helical spiral in three dimensions. This 
may not be of practical use in the recording of music but is 
mentioned to indicate the need for equal compliance in all 
directions in the vertical cutting plane if distortion is to 
be avoided. 
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Fic. 2. Cross section of a stereo groove. 


just touch. It is quite possible, however, to play back 
grooves which more than just touch. III effects like groove 
echo, however, may occur. 

Figure 3 shows the theoretical limit for the amount one 
groove may cut into another. The groove width now is 


W = Wain + 2V 2 Ay. 


The number of lines per inch is 1000/W, with W expressed 
in mils. The playing time is 


[ (Dinax _ Dyin) /2| x 1000, Ww 
turntable speed in rpm 
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Fic. 3. Cross section of two stereo grooves with minimum spacing. 


where Dyyax and D,,;, are maximum and minimum diameters 
of recording expressed in inches, and W is in mils. 

Let us compare the stereo groove with a monophonic 
groove. The RIAA Bulletin E2 gives 2.2 to 3.2 mils as 
standard groove width, and RIAA Bulletin E3 claims the 
same dimensional standards for stereo records as for mono- 
phonic ones (see Fig. 4). 


iS gt 3 


Fic. 4. Cross section of modulated groove on monophonic record. 


As we want to get as much time as possible on the record, 
we will use 2.2 mils in the following. Maximum groove 
width then is W = 2.2 +2A,. The ratio between stereo- 
and monophonic groove width, assuming same amplitudes 
in the 45° stereo channels as exist on a monophonic record 
(A, =A¢= A), 

n=—{adit+ 4V 2 A)/(2.2 + 2 A)]| (grooves touch) 
and 
ro = [(1 + 2V 2 A)/(2.2 + 2 A)] (grooves overlap) 
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Fic. 5. Mono-stereo groove with ratio vs recorded amplitudes. 


Figure 5 shows the ratios as a function of recorded ampli- 
tude in mils. It is seen that if the program material is 
transferred to disk without modification of the frequency 
response, a reduction in playing time as compared to mono- 
phonic records of almost a factor of three may result if the 
grooves are allowed just to touch. If the grooves are al- 
lowed to overlap, a safety margin of up to 6 db over the 
above condition is present at larger amplitudes. 

Figure 6 shows the number of lines per inch as a function 
of recorded amplitude in the 45° directions for grooves just 
touching. 

Example 1: What is the playing time for a 12-in. 33%- 
rpm record with a “45°” amplitude of 1 mil? Playback 
stylus tip radius 0.7 mil. 

The RIAA Bulletins E2 and E3 state that for 12-in. 
records 


1000}- LINES PER INCE 
500 ie 
200 ne 
100 ~ 


IN 


50 NX 


4 Pig 


a 


1OMILS AMPLITUDE OF 
45° MODULATION 


Fic. 6. Lines per inch vs stereo amplitude (45°) in mils. 


~IMIL 2 5 iMiL 2 5 


Do = 315 in..ond D,.., = 435 in. 
and as 


W=14+4V24A,=14 4V2 = 6.6 mils, 
the playing time will be 
[ (11.5 — 4.75) /2] & 1000/6.6 
33% 


and the number of lines per inch should be set to 151 ac- 
cording to Fig. 6. 


= 15.2 min, 


VELOCITY VS AMPLITUDE 


As amplitude is the determining factor in disk recording 
and the cutting and playback systems are calibrated in 
velocity units, we will now find the relationship between 
amplitude and velocity. 

If the amplitude varies according to a = Asinwf, the 
velocity is v = (dAsinwt/dt = wAcoswt, which means that 


————— 


there is 90° phase difference between them, and if we only — 


RELATIVE AMPLITUDE IN DB 


_ 
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Fic. 7. Amplitude vs frequency for constant velocity and RIAA 
equalization. 


consider peak values, we have Vpeax —= od = 2xfA, where f 
is the frequency. 

The RIAA curve is the equalization applied to a system 
which cuts with constant velocity if constant power is fed 
into it. Relative amplitude in db vs frequency for constant 
velocity is shown in Fig. 7 along with the RIAA equalized 
curve. It is evident that 30 cps has the largest amplitude 
for constant input level into the system. 

If, therefore, a flat peak frequency distribution curve is 
assumed, the amplitude-velocity conversion will have to be 
done at this frequency. If the peak frequency distribution 
curve is flat, the curve in Fig. 7 could be incorporated as a 
weighting curve for a peak reading meter with fast attack 
time and slow release time indicating the maximum ampli- 
tude of the cutting stylus. If the peak frequency distribu- 
tion curve is not flat, extra positions modifying the weighting 
curve would have to be provided on a switch. 

Example 2: What is the velocity at 1 and 15 kc if 1 mil 
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Fic. 8. Vector representation of groove velocity. 


is maximum permissible stereo amplitude on the record? 
If we take the worst condition, flat peak frequency distribu- 
tion curve, the velocity at 30 cps will be v = oA = 22 & 
30 & [(1 X& 2.54)/1000] = 0.48 cm/sec. As 1 kc is 18.61 
db or approximately 8.5 times above 30 cps and 15 kc is 
17.17 db or approximately 7 times above 1 kc on the RIAA 
curve, the 1-kc peak velocity is 0.48 & 8.5 = 4.1 cm/sec, 
and the 15-kc peak velocity is 4.1 & 7 = 28.7 cm/sec. 


GEOMETRIC LIMITATIONS 


The 1-mil amplitude at 30 cps producing 28.7 cm/sec at 
15 kc brings up the following question: What are the limita- 
tions? In order to answer this question, it is necessary to 
divide the stereo information into its lateral and vertical 
components as the two types are basically different in per- 
formance. 

Lateral recording: If the sound source which produced 
the maximum amplitudes was located right between the two 
microphones in the original recording, the cutting stylus 
will move laterally and with tne same amplitudes in the 
two 45° stereo channels, so the maximum lateral amplitude 
will be Ay = V2 A,. 

There are two motions involved in the cutting process: 
the linear groove speed and the recorded peak velocity. To 
find the resultant velocity, these two vectors are added, and 
the angle between this resultant velocity and linear groove 
speed is U° (see Fig. 8). The angle U° may be found from 

tanU = (Vpeak Stin), 


PIVOT 


\\ CUTTING STYLUS 


RECORD 
\ SURFACE 


\ 


\ 
Fic. 9. Cutter configuration. 


15 


where v is the peak velocity and s is the linear groove speed. 
Example 3: Using the record from the last example with 
1 mil as maximum stereo amplitude, we wish to find the 
maximum angle U° on the record. 
As RIAA Bulletin E2 states 4.75 in. as minimum inside 
diameter of recording, the linear groove speed here is 


s= {|x X DX (rpm) &X (in./cm) ]/60} = 
{[ X 4.75 & 33% & 2.54] /60} = 21 cm/sec. 


If the 1-mil amplitudes occur simultaneously in phase, the 
lateral velocity is 
at 30 cps: 
v = 0.48 X ¥ 2 = 0.68 cm/sec; 
at 1 ke: 
v = 5.8 cm/sec; 
and at 15 ke: 
v = 40.6 cm/sec. 
At 15 ke: 
tanU = (v/s) = (40.6/21) = 1.93 V=@"s 
Vertical recording: We will in the following still assume 
that the cutting stylus has no thickness in the direction of 
the groove. 


aw 


180°-(U°+ 67°) 


u° 6r*/ \ 
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Fic. 10. Vector representation of vertical cutting. 


If the two stereo amplitudes are 180° out of phase, the 
result will be vertical modulation with a maximum ampli- 
tude A, = V 2 A,. 

The vertical cutting process is quite different from the 
lateral. Most cutterheads used in this country have a 
“vertical” cutting movement deviating 20—23° from vertical 
as seen in Fig. 9. 

To find the angle U, we apply the formula (a/sindA) = 
(6/sinB) to Fig. 10: 

(v/sinU) = (s/{sin[ 180° — (U + 67°)]}) = 
[s/(sinUcos67° +- cosUsin67° ) | 
v = [s/(cos67° + cotUsin67° ) | 
cotU = (s/vsin67° ) — cot67°. 


If the velocity is very high compared to the linear speed, 
we have 


cotU = — cot67° 
U = 180° —67° = 113° 
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Fic. 11. Vertical groove modulation, infinite velocity, 23° vertical 
cutting angle. 


as maximum value. The resultant wave shape is seen in 
Fig. 11. 

It is evident that it would be quite impossible to make 
pressings of a record like that as the master and the mother 
would be hooked together by the grooves. As the linear 
groove speed is lowest in the inner grooves, this problem 
would be most serious here. 

The theoretical limit for U° to permit pressings to be 
made is U = 90°, which in the inner grooves, where s = 21 
cm/sec, again will set the limit for the vertical velocity to 
v = [s/(cos67° + cot90°sin67°)] = 

(21/cos67°) = 54 cm/sec. 


Aside from the problem of pressing the records, there is 
also the problem of playback. If the slope is 90° and the 
vertical tracking angle of the playback cartridge is similar 
to that of the cutter, a velocity of 54 cm/sec will be played 
back. As the vertical tracking angle of the playback car- 
tridge decreases the apparent slope will be steeper and 
steeper, and a cartridge with 0° tracking angle would theo- 
retically have to play back infinite velocity. Playback styli 
mounted vertically like the one in Fig. 12, in contrast to 
the one in Fig. 13, will, however, decrease the maximum 
velocity when their included angle is larger than 0°. 

Example 4: What is the maximum vertical velocity of a 
playback stylus with included angle 50° in a cartridge with 
O° vertical tracking angle when playing back levels higher 
than 54 cm/sec in the inner grooves of a record cut with a 
23° cutterhead? 


Fic. 12. Excessive vertical modulation played back with vertically 
mounted stylus. 
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tanU = v/s 
v = 21 tan65° = 45 cm/sec. 
This velocity would have been infinity if the playback stylus 
had been mounted as shown in Fig. 13. 

Figure 12 shows that it is necessary to mount the play- 
back stylus vertically if the vertical tracking angle of the 
playback cartridge is considerably smaller than that of the 
cutter. The reproduction of the groove will not be faithful, 
but it will at least be possible to play the record. 

Faithful reproduction can only be obtained in this respect 
if the vertical tracking angle is the same for the recording 
and the reproducing device and if the stylus is tilted as 
shown in Fig. 13, so that the ball-shaped part of the play- 
back stylus will be in contact with the groove at all times. 


Fic. 13. Excessive vertical modulation played back with tilted stylus. 


It is seen that the difference in vertical tracking angle 
between cutter and playback cartridge besides resulting in 
nonlinear distortion also may introduce tracking problems! 


PRACTICAL CONDITIONS 


The lateral and vertical cutting procedures treated above 
assumed an infinitely thin cutting stylus. This is not the 
case, however, in practical recording since the cutting stylus 
has a lot of material behind the cutting surface. Near the 
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THE STYLUS TIP 
Fic. 14. Cutting stylus. 
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stylus tip the amount of material is cut down to a minimum, 
but nevertheless there is enough to cause extra problems. 
The stylus has a back angle 5° and a side angle a° as illus- 
trated in Fig. 14. These angles will limit the maximum re- 
corded velocities to certain values above which the cutting 
will change to embossing. 

Figure 15 shows the conditions for lateral recording. 

Example 5: What is the maximum velocity of lateral 
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modulation in the innermost groove before embossing if 
a = 30°? 
tanU = v/s 
v = 21 & tan (90° —30°) = 36.4 cm/sec. 


For vertical recording there is the back angle 5° of the 
cutting stylus to limit the velocity (see Fig. 16): 


(s/{sin[90— (6° + 23°)]}) = (v/sind) = 
[s/cos(b° +- 23°)] = [s/(cosbcos23° — sindbsin23°) | 
v = [s/(cotbcos23° — sin23°) ] 
cotbcos23° = (s/v) + sin23° 


If the peak velocity is infinity compared to the linear speed, 
cotb = tan23° or b= 67°. This is the maximum down- 
ward slope for v= «. However, cutting styli have nor- 
mally smaller back angles. 

_ Example 6: What is the maximum velocity before em- 
bossing if 6 — 47° and recording takes place in the inner 
grooves? 

v = [21/(cot47°cos23° —sin23°) | = 44.7 cm/sec. 


Now when we know the geometrical limitations on the 
stereo record, let us calculate a practical example of the 
levels which theoretically would be desirable to put on a 
record and compare them with what is actually possible. 
Let us begin with the inner 1-kc band of the monophonic 
test record RCA 12-5-49. This level is widely used as 
standard recording level for monophonic records. It would 
be natural to have standard recording velocities in the stereo 
channels 3 db below this value so that eventual lateral com- 
ponents will not exceed the standard recording level on 
monophonic records. 

We therefore begin with 3.8 cm/sec as standard recording 
level at 1 ke in the stereo channels corresponding to zero 
on the vu meter. Assuming a flat peak frequency distribu- 
tion curve of the program material, the RIAA equalization 
will lift 15 ke 17.17 db or 7 times to 3.8 & 7 = 26.6 cm/ 
‘sec. As peaks may rise up to 10 db above the vu-meter 
reading, the level here may be 3.16 * 26.6 = 84 cm/sec. 
If 8 to 10 db of diameter equalization is used in the inner 


Fic. 15. Lateral cutting. 
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CUTTING STYLUS 


90°-(b + 23°) 


Vreak xy 


(\ 
Fic. 16. Vertical cutting. 


grooves, the level will be 3.16 & 84 = 266 cm/sec here. 

As the battle continues in the industry to get as high 
levels on the records as possible, 5.5 or even 7 cm/sec are 
sometimes used as standard recording levels at 1 kc. Re- 
sultant level at 15 kc: 2 * 266 = 532 cm/sec. If two 
peaks coincide in phase, the lateral component may be as 
high as ¥ 2 *532 = 750 cm/sec! This example illustrates 
the fact that it is theoretically impossible to transfer all 
stereo tapes to records without having to introduce linear 
distortion; that is, make the frequency response deviate 
from a flat curve. However, many tapes do not have a flat 
peak frequency distribution curve but will roll off at the 
higher frequencies. This will reduce the problem, and fur- 
thermore, the peak factor, which is the difference between 
peak level and vu-meter reading, may be reduced with a 
good limiter. 

The diameter equalization should take place below 15 kc 
since this frequency would need a lot more than 8- to 10-db 
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lift in the inner grooves to come up to level and must un- 
fortunately be considered as lost in the inner grooves. 

The big obstacle is the excessive high frequency pre- 
emphasis of the RIAA equalization, but, a special fast-acting 
level sensitive filter is on the market todayt which will 
change the frequency response instantaneously following a 
curve similar to the RIAA playback treble equalization. 
For some kinds of program material the resulting reduction 
in level at 15 ke will be inaudible. 

Finally, program equalizers can be used, but their action 
is audible. 


CONCLUSION 


The conclusion of this paper is that the need for stand- 
ardization cannot be emphasized enough, especially with 


t Fairchild Conax Model 602. 
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Transistor ac Amplifiers with High Input Impedance: A Survey” 
J. A. Exiss 
Lansdale Tube Company, Lansdale, Pennsylvania 
Transistor ac amplifiers with high input impedance may be realized using a variety of techniques. ' 


Various circuits are presented and their level of performance indicated. The two important design 
criteria for these amplifiers, bias point stability and low noise figure, are discussed. 


respect to vertical tracking angle, and that it would be possi- 
ble to get higher apparent levels on the records or make 
records with longer life and lower distortion if the RIAA 
curve were revised. It is also concluded that it is possible 
to replace the cut-and-try methods of the recording engi- 
neers by a system of monitoring devices which would meas- 
ure the peak energy distribution in a given program material 
and indicate the necessary settings on the cutting system 
for closest similarity between the program material on the 
tape and the final cut. 
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INTRODUCTION 


i poe inherently low input intpedance of the transistor 
makes it necessary for special techniques to be used to 
raise this low impedance to values in the range of 1 to 30 
megohms. This paper reviews a few of the techniques that 
allow high input impedance amplifiers to be realized. 

The main design criteria for these amplifiers are (1) high 
input impedance, (2) thermal stability, and (3) low noise 
figure. The various circuits that are presented will be dis- 
cussed with respect to criteria (1) and (2) above. General 
comments will be made on the factors influencing noise 
figure. 


CIRCUITY 


The emitter-follower connection is the simplest amplifier 
configuration that will provide relatively high input im- 


* Presented October 5, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 


pedances. The basic circuit is shown in Fig. 1. The input 
impedance of this amplifier is given approximately by 


Zin = [BR Z-/(B8Ri + Z-)), (1); 
where Z, is the collector impedance (r, in parallel with C,) 
B is the ac short circuit current gain of the common-emitter! 
connection. Thus, for large Z;,, we desire BR, and Z, to 
be large. For a given transistor at a given operating point, 
B is fixed. The R, is limited by the available supply voltage 
and the input impedance of the stage being driven from the 
emitter-follower; r, can be maximized by operation at low 
emitter currents since r, is inversely proportional to emitter 
current. The 8 decreases at very low emitter current <0 
that r, cannot be increased indefinitely. 
The real disadvantage with the circuit shown in Fig. | 
is that no provision has been made to set the emitter-base 
bias voltage. Hence, the thermal stability factor § of this 


amplifier is poor. If the thermal stability factor is defined as 
S = (81, /8l co), 


(2)) 
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Fic. 1. The basic emitter-follower. 


_ where J, = dc collector current and J¢y = I¢ro = collector 
_ leakage plus saturation current, it is possible to show that 


ABER | 


input 
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(2)) 


for the emitter-follower of Fig. 1, S = Apg, the dc current 
gain of the common-emitter connection. 

In order to achieve reasonable values of thermal stability 
(2 =S = 5) one must resort to some external bias as shown 
in Fig. 2. The input impedance of this amplifier is 


Zin’ = [Re Zin/ (Re + Zin) | < Zin- (3) 


Here, Z;, — input impedance of the emitter-follower with 
R,;— «x. The input impedance has been decreased, but 


| the thermal stability factor has decreased to 


S=1-+ (Rp/R:). (4) 


The performance of this amplifier is clearly a compromise 
between high input impedance and low thermal stability. 
If S is limited in value to the range 2=S=5, Zj, will 
typically be a few hundred kilohms for practical circuit 
designs. 

For the circuit of Fig. 2, Z;, is limited by Ry. The shunt- 
ing effect of Ry, can be reduced (for ac signals) by use of 
a feedback technique called “bootstrapping.’”’ Consider the 
circuit of Fig. 3. Here the bias network has been altered 
slightly—the bias resistance is split and connected to the 
output through a coupling capacitance. The nodes marked 
A and B (Fig. 3) are at approximately the same potential, 
thus causing the effective value of R, to increase. The 
effective ac resistance of the bias network is now 


(Rp, ac = [Re,/(-G)], (5) 
where G is the voltage gain of the emitter-follower and is 
given (at low frequencies) by 

G = {1/[1 + (%-/Rx)]} (6) 

re = (kT/qle), (7) 

where & is Boltzmann’s constant, 7 is temperature in °K, 
and gq is charge of an electron. 


1R. D. Middlebrook. and C. A. Mead, “Transistor ac and de am- 
plifiers with high input impedance,” Semiconductor Products, Mar., 
1959, pp. 26-35. 


Note that the effective ac resistance of the bias network 
is larger than the dc resistance. For reasonable values of 
emitter current (J, = 100 pa) and R; = 50K, G is on the 
order of 0.99. Thus the effective ac value of the bias re- 
sistance has been increased by two orders of magnitude. 

The input impedance of this circuit is approximately 


_. 1 = 
| Re, R, Re, : 
Ri+Re, 


By operating at emitter currents in the order of 100 ya, 
input impedances of several megohms may be achieved with 
this circuit. The bias stability factor 


Ry, + Rz, 
ae 


may easily be set in the range 2 = S = 5. 

The input impedance given by Eq. (8) in practice has a 
upper bound determined primarily by the collector im- 
pedance Z,. In order to obtain larger input impedances, 
the shunting effect of the collector impedance (1 to 20 meg- 
ohms) must be eliminated. The shunting effect of stray 
capacitance from base to ground can only be minimized (by 
careful construction) but never eliminated. 

To see the effect of Ce and Cx on the input impedance of 
the circuit shown in Fig. 3, assume that the input impedance 
may be represented by a parallel RC-network as shown in 
Fig. 4. The resistive component of the input impedance R 
is essentially independent of frequency up to the beta cutoff 
frequency fr/Bo. 

i hie bo. 
BRy Ro, 
BRi + Re, 
Assume that R = 2 megohms and Cy + Cg = 15 pf. Then 
the input impedance will be one-half its low-frequency value 
when 


S=1+ (9) 


1-G 
Re, 


(10) 


fo = {1/[2e R (Coe + Cg) ]} = 5.5 ke. (11) 
~Vec 
foe) 
o— 
Re 
RL 
~Yes = 


Fic. 2. Emitter-follower with external bias. 
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~VYec 


Rea RL 


‘te = 
Fic. 3. Emitter-follower with bootstrapped bias network. 


As indicated previously, the magnitude of the input im- 
pedance of the circuit of Fig. 3 is limited primarily by the 
collector impedance. Also, as Eq. (11) shows, the frequency 
response of Z;, is limited by Ce, since we usually have 
Ce >> Cs. 

By bootstrapping the collector of the emitter-follower of 
Fig. 3, the apparent collector impedance may be increased. 
The circuit referred to is shown in Fig. 5.2. The collector 
of Q, has been returned to the emitter of Q.. Therefore, 
the base and collector are at very nearly the same potential 
provided the voltage gain, G = €yy+/€in, is Close to one. The 
effective ac impedance of the collector of Q,; is now 


Ze’ = [(re/1-G)/(1 + jorC,) |. (12) 
The input impedance of this circuit is 
1/Zin = (1-G)/Re, + 1/2, + 1/BiRi, — (13) 


where f£; is the common-emitter current gain of the first 
transistor and 


1/Ry = 1/Re, + 1/Ri, + 1/B2 [(1/Re,) + (1/Rz,)]. 
(14) 
Stray capacitance from the base of Q; to ground has been 
neglected. 

For reasonable values of bias potentials, V gz, Veo,» and 
Vee, the magnitude of Rz,, Ri, 3 Rz,, and Ri, is limited. 
When G = 1, the low-frequency input impedance will be 
limited by stray capacitance from the base of Q, to ground. 


Bootstrapping the collector of Q,, unfortunately, has no ef- 
fect on this stray capacitance. 


ee ee 


R CotCs 


o~- 


Fic. 4. Approximate representation of the input impedance. 


2P. J. Anzalone, Electronic Design 5, No. 11, 38-41 (1957). 


The input impedance of the amplifier shown in Fig. 5 
may be further increased by bootstrapping the load resist- 
ance R;, of Q; (see Fig. 6). The effect of bootstrapping 


Ri, is to increase its effective ac resistance to Ri, (1-G)* 


a 


Vee 
~Vec2 
ol 
—a 2 
Re3 
oo ss 
“Ves Req RL2 . 
= Ves = 


Fic. 5. Emitter-follower with bootstrapped bias network and col- 
lector impedance. 


where G = é/e; and is close to one. For this circuit the 
input impedance is given approximately by i 
1/Zn =[(1-G)/Re,] + 1/Ze' + 1/B:Rr’, (15) 
where Z,’ is given in Eq. (12) and 
1/Rz’ = 1/B2 [(1/Re,) + (1/Re,) + (1 + Rx) ) + 
1/Z,, + [(1-G)/Rr, |. (16) 
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Fic. 6. Emitter-follower with bootstrapped bias network, collector 
impedance, and load resistance. 


In this last equation the loading effect of the bootstrapped 
bias resistance, Rp, , has been omitted. The effect of stray 


capacitance to ground has also been neglected. Note that 
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Cr 


~Vec 


-Vep 
Fic. 7. Two-stage common-emitter feedback amplifier. 


bias resistance R, ‘ has been bootstrapped to the collector 
of Q, rather than to the emitter of Q,. This increases the 
input impedance, since Rz,, is no longer shunted across the 
effective ac load of Q,;. It might be worthwhile to mention 
that the same bootstrapping could be used in the circuit of 
Fig. 5. The Ry, can be bootstrapped to the collector of 
Q, instead of to the emitter of Q;. 

The bias networks of the circuits shown in Figs. 5 and 6 
can be designed so that the bias stability factor S is in the 
range 2=S=5. The ratio of dc base-bias resistance to 
total dc emitter resistance is chosen as indicated in Eq. (4). 

With this circuit, input impedances of 2 to 30 megohms 
may be achieved. 

The circuits presented above have all used some form of 
bootstrapping to achieve high input impedances. Another 
technique that has been used is to apply positive feedback 
around one or more stages. Middlebrook and Mead! have 
discussed one possible circuit configuration as shown in 


Fig. 7. Note, however, that Q,; is a PNP transistor while 
Q2 is NPN. The input impedance of this circuit is given 


by Middlebrook and Mead as 
Vin = (1/B81B2R1) + (Vi) — (Ro/R1) Y;. (17) 
The 8; and 2 are the ac current gains of Q; and Qs, re- 
spectively; 1/Y; is the parallel combination of the collector 
impedance of Q,, reactance of the stray capacitance from 
the base of Q; to ground and the base resistance Rz,; and 
7 = (1/R;) + jwC;. Clearly Z;, can be large, since Vj, 
can be zero (and even negative). The voltage gain of this 

circuit is 

(€out/€in) = 1 + (Ro/Ri) (18) 


and thus is stabilized with respect to changes in transistor 
parameters. Input impedances in the range of 2 to 10 meg- 
ohms are easily obtainable with this circuit. The bias net- 
works may be designed for excellent bias stability. 

The slight disadvantage of the circuit of Fig. 7 is that 
both PNP and NPN transistors are needed. A circuit which 


further illustrates the use of positive feedback to obtain high 
input impedance is shown in Fig. 8. This circuit was de- 
veloped by the author. The Q, is an emitter-follower whose 
output is coupled to the common-base amplifier Qs. Posi- 
tive feedback is provided from the collector of Q» to the 
base of Q, by R, and C;. The input admittance of this cir- 
cuit is given by 


Vin = [1/(B1 + 1)] [((1/Rx) + (1/Re,) + (1/Ri)] + 

¥i+ Vy [1—a2(Ri/Ri)], (19) 
where 8, is the common-emitter current gain of Q,; ae is 
the common-base current gain of Q.; 1/¥; = the parallel 
combination of the collector impedance of Q,, reactance of 
the stray capacitance from the base of Q, to ground, and 
base-bias resistor Rp,; and VY, = 1/R, + jw Cy. 

Equation (19) may be written as 


Vin = (1/81 + 1) [(1/Rx) + (1/Re,) + (1/Ri) + 
(1/Ri) + (1/re) + (1/Ry) [1-2 (Ri/Ri)| + 
jw {C., + Ca + Cy [1 —a2 (Ri/Ri) J}, (20) 
where r,, = the collector resistance of Q,; C,, = the col- 
lector capacitance of Q,; and Cg = the stray capacitance 
from the base of Q,; to ground. The input admittance is 
adjusted by R,, C;, and the ratio of R; to R;. The C, 
and/or ratio of R,;, to R; may be adjusted so that the fre- 
quency dependence of Yj, is minimized. The effect of C,, 
and Cx is canceled when 


az (Ry, Rz) = 1+ [(C., + Cs) C;]. (21) 


The Ry; may then be adjusted to obtain the desired input 
impedance. The bias networks of this circuit may be de- 
signed so that the amplifier’s operating point is stabilized 
with respect to temperature changes. The thermal stability 
factor S of the first stage is approximately the ratio 1 +- 
Rz,/Rx. The stability factor of the second stage is very 
close to one for any reasonable value of emitter resistance 
R, [see Eq. (4)]. Input impedances up to 30 megohms 
may be obtained with this circuit. 
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Fic. 8. Emitter-follower, common-base feedback amplifier. 
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DESIGN CONSIDERATIONS FOR LOW NOISE FIGURE 


In this section the various factors that effect the noise 
figures of high input impedance amplifiers will be discussed. 
In general, the noise figure is a function of transistor pa- 
rameters, quiescent point, and frequency. The frequency 
dependence has the form shown in Fig. 9. In Region I the 
noise figure (N.F.) has an approximate 1/f spectrum from 
essentially zero to some upper frequency f;. The f; is in 
the range of 0.3 to 20 kcps. In Region II from f; to fa, 
the N.F. is constant at a minimum value in the order of 2 
to 6 db. The fs is given approximately by 


f2= (1-ao)* f,, (22) 


where f. = the frequency at which the magnitude of the 
common-base short circuit current gain has decreased 3 db 
from its low-frequency value ay. In Region III the N.F. for 
the common-base and common-emitter amplifiers increases 
6 db/octave. The common-collector (emitter-follower) am- 
plifier N.F. increases at 6 db/octave up to a critical fre- 
quency f; = f, at which point the N.F. asymptotically ap- 
proaches a maximum value. 


The amplifiers under consideration here are limited in 
frequency response to Regions I and II so the discussion 
here is limited to frequencies less than (1 — ag) I. 


In all regions the N.F. is a function of transistor parame- 
ters, the quiescent point, and the impedance of the driving 
source. The approximate variation of N.F. with emitter 
current, collector-emitter voltage, and source resistance is 
shown in Fig. 10. Noise figure as a function of emitter cur- 
rent will exhibit an optimum value at an emitter current /,. 
The J, is in the range of 50 to 500 pa. For the variation 
of N.F. with Veg, N.F. is relatively independent of Veg up 
to a critical level Vo. Vo is in the range of —5 to —10 v for 
most transistors. The N.F. of the amplifier will then be 
minimized if the operating point is chosen such that J, < I 
and Veg < Vp. 

In all regions the N.F. of the transistor is a function of 
the source resistance R,. In Region II the variation of N.F. 
with source resistance exhibits a minimum value F,, (typi- 
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Fic. 9. Frequency dependence of noise figure. 
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Fic. 10. Variation of N. F. with operating point and source re- 
sistance. 


cally 2-6 db), at an optimum source resistance R,», (typi- | 


cally a few kilohms). In Region II this optimum value of 
source resistance is the same for all three connections and 
is independent of frequency. Since high input impedance 
amplifiers will normally be operated from high impedance 
sources, one may inquire as to how the N.F. behaves at 
values of source resistance much larger than the optimum 
value of source resistance. This situation has been investi- 
gated by Nielsen* who finds that the ratio of actual N.F. 
to F,, is given by 
Va [(Ro/Rom) + (Rom/R,)| -1 
1+K ; 
where K = 1 is a parameter with a typical value in the 


range of 2 to 3. Equation (20) shows that as R,/Ry» in- 
creases, F/F,, increases. For K = 2 and R,/Ry» = 100; 


F/Fy =1+ 


(23) 


F/F,, = 12 db. Thus, the N.F. has materially increased. | 


The R,» increases at low currents so that operation at low 
emitter currents is indicated. 
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A Suggested Method for Measuring Tape Modulation Noise” 


James J. Davipson 
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By recording identical signals on two tracks of a stereo tape recorder, and canceling the signals 
in playback, modulation noise could (ideally) be measured directly. 
tion places severe restrictions on the tape motion of a magnitude that has made it impossible to 
obtain satisfactory results. A discussion of the difficulties and possible solutions comprises the 


However, adequate cancella- 


. (peg purpose of this paper is to outline what is believed 
to be a new method for the measurement of modulation 
noise on magnetic tape. Due to limitations of time and 
equipment, no quantitative results have been obtained. In- 
stead, the technique and an outline of its associated difficul- 
ties is offered for further investigation by those directly 
interested. 


GENERAL CONSIDERATIONS 


Modulation noise is a phenomenon which occurs in nearly 
every transmission system. Its causes and the specific form 
which it takes are functions of the particular system, and 
| it is necessary to examine each system to learn the details 
| of its form of modulation noise. 

Modulation noise has been defined as “noise which exists 
only in the presence of a signal and is a function of the in- 
stantaneous amplitude of the recorded signal. (The signal 
is not to be included as part of the noise.)’”? 

In the case of magnetic tape, this noise is attributed to 
the inhomogeneous composition of the oxide coating. If the 
oxide is considered to be composed of numerous minute 
magnets, then in the unmagnetized state these magnets are 
oriented at random. Their fields tend to cancel, and irregu- 
larities do not show up. When a net flux is applied the 
magnets line up in one direction leaving the tape in a mag- 
netized state. Under these conditions, irregularities show 
up to a marked degree. The simplest way to visualize this 
is to picture a tape from which bands of oxide have been 
removed, as in Fig. 1. If this tape is passed unmagnetized 
_ over a head, very little difference in output will be noticed 
as the bands pass. Place a dc flux on the tape, however, 
and the output will consist of a series of square waves. 
| Furthermore, the amount of “noise modulation” is directly 


en 


* Presented October 6, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

1“Standards on sound recording and reproducing: methods of 
measurement of noisé, 1953 (standard 53 IRE 19S1).” Proc. Inst. 
Radio Engrs. 41, No. 4, 508-12 (1953). 
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proportional to the level of recorded signal. In practice, of 
course, the situation is not this extreme but the mechanism 
is much the same. 

Using normal tape when an ac signal is recorded and 
played back, a pattern such as Fig. 2 can be observed on an 
oscilloscope. The black areas show the range over which the 
instantaneous amplitude will vary and represent a long- 
time average such as might be seen on a long-persistence 
screen. The variations occur because even the best tape 
cannot be made completely uniform. The oxide coating will 
vary in thickness in large and small areas, causing long and 
short term amplitude variations. In addition, dust particles 
and clumps of material bound into the oxide coating cause 
the surface of the tape to be rough. Whenever one of these 
rough spots passes the head, the tape is lifted away causing 
amplitude variation. 

Using a much slower time scale, the signal can be con- 
sidered as a carrier with (random) amplitude modulation. 
Since most of the amplitude variations are relatively slow, 
the side bands lie close (in frequency) to the carrier. This 
fact has caused difficulty in accurately measuring the 
amount of modulation noise. When a rejection filter is used 
which is sufficiently sharp to eliminate the signal without 
attenuating the noise severely, any small amount of speed 
variation moves the signal outside .the filter’s range, resulting 
in the signal, rather than the noise, being measured. If the 
filter is broadened, then the noise is attenuated. Neverthe- 
less the use of a sharp filter has been the most common 
method of measuring modulation noise. 

Price? lists two other possible methods of measuring 
modulation noise found in the literature: biasing with dc 
and measuring the total noise output, and the use of an in- 
termodulation analyzer to measure modulation noise on a 
2000 cps signal. Both of these methods are indirect, and 
correlation between them and the true value of modulation 


‘ 


2R. L. Price, IRE Trans. Audio, AU-6, No. 2, 29-40 (Mar.-Apr., 
1958). 
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l xxx 


Fic. 1. Magnetic tape with bands of oxide removed. 


noise must be determined before the significance of the 
measurement is established. 

An alternative method is the one to be outlined in this 
paper. If the limitations can be overcome, the technique 
is capable of measuring modulation noise directly under any 
conditions—static or dynamic—under which the tape is 
used. 


THE BASIC IDEA 


The basic idea is a simple one utilizing two tracks of a 
magnetic tape. If the same signal is recorded on both 
tracks, then playing back each track yields a signal plus 
noise output. The signals are identical, but the noise from 
each channel, being of random nature, will differ. There- 
fore, if one output is subtracted from the other, the signals 
can be exactly canceled, leaving only the noise. 

The process is shown schematically in simplified form in 
Fig. 3. (A more complete discussion of measurement tech- 
nique is found in Appendix 1.) At the top, identical cur- 
rents are fed to both sections of a two-channel head in re- 
cord. In playback (below) the windings are connected in 
parallel but in opposite phase. If the head sections are 
identical and the tape guidance perfect, the signal outputs 
will cancel exactly and only nvise will appear at the ampli- 
fier output. 

This output noise consists of several components. First, 
of course, is the electrical noise generated by the electronic 
equipment and the head, which is always present. Second 
is the background tape noise, present only when tape is 
moving past the head. This type of noise usually includes 
the effect of the bias oscillator, and in combination with 
electrical noise determines the ultimate signal-to-noise ratio 
as normally measured. Third is the modulation noise, which 
is the prime concern of this paper. 


Fis. 2. Modulation noise (exaggerated). 


Both the electrical noise and the background tape noise 
have a wide-band nature and generally are on the order of 
60 db or more below saturated output from the tape. Modu- 
lation noise, as previously mentioned, is concentrated about 
the frequency of the recorded signal and is on the order of 
30 to 40 db down. 

Here it is well to point out that the assumption made 
above that the tape guidance is perfect, is far from a good 
one. In fact, the problem of tape skew is the most severe 
one encountered, and the following section deals with this 
difficulty. 


a 
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Fic. 3. Simplified system for measuring modulation noise. 


THE PROBLEM OF TAPE SKEW 


Anyone who has worked with the problem of canceling 
two supposedly identical signals can attest to the fact that 
no matter how identical the signals are supposed to be, they 
never seem to be identical enough. Generally, in the case 
of sine waves, small phase differences creep in, destroying 
any chance of perfect cancellation. Since that is precisely 
the problem in this system, let us consider first the aspect 
of canceling electrically two sine waves of the same fre- 
quency and amplitude but of differing phase. These signals 
are: 

€; = sin wt 


€2 = sin (wt + ¢). 


For the sake of simplicity, e,; has been assigned reference 
(zero) phase, and both signals are assigned unit amplitude. 
Subtracting these signals results in a residual output of 


(1) 


€o9 = €1 —€2 = sin wt —sin (wt + ¢). 
Expanding this equation by trigonometric identity: 


€9 = sin wt — (sin wt cos ¢ + cos wt sin d) 
= (1-cos ¢) sin wt + (sin d) Cos wt. 


(2) 


Equation (2) represents a sine wave of two components: 
an in-phase (with respect to reference) component of mag- 
nitude (1—cos @), and an out-of-phase component of mag- 
nitude (sing). Figure 4 shows the relative values of these 
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coefficients for small angles. It is evident that the in-phase 
component is considerably smaller than the out-of-phase 
component within the range of interest, and it will be con- 
sidered negligible hereafter. Using this approximation, 


€o = (sin d) Cos ot. (3) 


In order to gain a clearer idea of the magnitude of phase 
difference that is being considered, refer to Fig. 5. Here is 
shown the cancellation that results when two equal sine 
waves of slightly different phase are subtracted from each 
other. The critical nature of the phase shift is quite evi- 
dent. Since 30-db cancellation is hardly adequate for meas- 
uring modulation noise, the electrical phase difference under 


discussion must be considerably less than 2°. Indeed, if 


eo = [1- cos ¢]sinut + [sin ¢] cos ut (2) 


2. se 


P Z 
VA 


} 
4 


1- cos } 
a 


A SUGGESTED METHOD FOR MEASURING TAPE MODULATION NOISE 25 
-20 
ra) 
vo 
E | 
2 
| ~ 
= | 
4 | 
c } 
° 
rs) | 
-50 
t 
-60 
«3 «2 -1 18) 1 2 3 
Phase Difference (degrees) 
Fic. 5. Cancellation of equal sine waves as the phase is shifted. 


06 rd 
— > Vy 
a s | 
— | 
@ +04 
£ 4 
7) | 
02 oo 
r 7 
'-COSs ) a 
ie) — $$$ 
ie) I 2 3 S 5 


¢ in degrees 
Fic. 4. Amplitude of coefficients in Eq. (2). 


60-db cancellation is considered necessary, the phase differ- 
ence must be held to less than 0.05°. Under these condi- 
tions the approximation 


sin ¢ = ¢ (in radians) 
is valid, and Eq. (3) can be rewritten 
€o = $ COS of. (4) 


For the purposes of this discussion, it is assumed that 
the amplifier phase shift is zero over the entire audio band. 
Therefore, whatever phase shift occurs is caused by skewing 
of the tape as it passes the head. Tape skew is not normally 
considered a problem in audio applications, although instru- 
mentation and computer people have run into it. But to 


measure modulation noise, remarkably small tolerances must 
be maintained on the amount of skew. The reason for this 
will become apparent. 

Consider now a tape moving past a two-channel playback 
head and skewed at some angle @ (see Fig. 6). The distance 
between track centers is d. It is assumed that the tape has 
been perfectly recorded (no skew during the recording 
process) and that modulation noise is absent. The length 


Fic. 6. Tape passing head at skew angle @. 
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Fic. 7. Peak residual output vs tape skew (7.5 ips). 
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L represents the effective distance that the head gaps are 
separated along the tape. That is, since the tape is skewed 
relative to the head, one gap is effectively ahead of the other 
as the tape moves. This amount is defined by 


L=dsin@ ~ éd 


since 6 is small. 
The electrical phase difference (in radians) of the play- 
back signals is a function of L and the recorded wavelength: 


= (2nL/d), 
where . is the recorded wavelength. However 
A= (22s/w), 


where s is the tape speed and » is the recorded radian fre- 
quency. Combining the last three equations 


= (wd/s) 6, 
and Eq. (4) can now be written 
€9 = (wd/s) O cos ot, (5) 


where ¢,» is the residual output after subtraction, » is the 
recorded radian frequency (— 2zf), d is the distance be- 
tween track centers, s is the tape speed, 6 is the skew angle, 
and ¢ is time. 

A plot of this relationship showing the amount of peak 
residual output versus skew angle for various recorded fre- 
quencies (at 7.5 ips tape speed) is shown in Fig. 7. It is 
quite evident that if the residual is expected to be 60 db 
down, even at low audio frequencies, remarkably small 
skew angles must be maintained. The residual should be 
this far down so as not to interfere with the measurement of 
modulation noise. 

To avoid confusion, it should be clearly stated that this 
section has been concerned with skew only. The modula- 
tion noise was ignored in order to show independently the 
effects of skewing. The complete equations, including modu- 
lation noise, are covered in Appendix 2. 
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ADDITIONAL DIFFICULTIES AND POSSIBLE SOLUTIONS 


The assumption was tacitly made in the early sections 
that the modulation noise of each track is truly independent 
of the other. This evidently is not inherently true, since 
flaws or thickness variations extending across the full width 
of the tape are certainly conceivable. Suppose, for example, 
that a certain portion of the tape is completely lacking in 
oxide coating. During this portion the “modulation noise” 
will clearly be zero, since there is no signal to be modulated. 
The proposed method of measurement makes no distinction 
between such flaws and other portions of the tape which 
might be perfect. Further work will be required on this 
point, but present indications are that this is not a major 
problem since complete and extended drop-outs are rare, and 
perfect tape seems rarer still. 

Returning now to the specific problem of tape skew, three 
possible solutions present themselves: (1) force the tape 
guidance to be perfect; (2) servocontrol the head azimuth 
alignment; and (3) instantaneously phase-correct the elec- 
trical signal. 

Let us consider these possibilities in order: 

1. Forcing the tape guidance to be perfect is, on the sur- 
face, the most desirable solution. The question to be an- 
swered is: “Is this possible?” To fully determine this, a 
detailed analysis of the problem of skew is necessary. Only 
some of the major considerations will be discussed here. 

As a start, consider the tape as a laterally rigid medium. 
Under this condition, the accuracy and smoothness of the 
edges of the tape becomes the essential factor. If the edges 
can be made totally smooth and perfectly parallel, then 
given a properly designed set of guides (and tape which will 
not bend), the tape can be transported across the head with 
no skew. The burden is then placed on the tape manufac- 
turer to meet these conditions. 

However, the condition of laterally rigid tape is clearly 
artificial, particularly in thinner tapes. Those who have 
used 0.5-mil polyester tape can readily testify that lateral 
rigidity is a quality quite lacking in this product. Further- 
more, stretching of the tape beyond the elastic limit results 
in nonparallel and nonsmooth edges after the first play on 
anything other than an ideal transport mechanism, even 
assuming these conditions had been met in the first place. 

If, then, it is desirable to measure modulation noise on 
the various types of commercially available tapes (as op- 
posed to specially machined and manufactured tapes), per- 
fect tape guidance appears to be impossible. 

2. Servocontrol of head azimuth appears somewhat more 
promising. Here the problems are complexity and speed. 
While the “skew rates” appear to be predominately slow, 
there may be rapid variations corresponding to fast flutter 
and tape resonance.* If so, and if these rates are in the kilo- 
cycle range, servocontrol may be far too slow. 

3. Electrical phase-correciion, then, offers the most prom- 
ise. If the two signals are compared in an ideal phase de- 


3 Philip Smaller, J. Audio Eng. Soc. 7, No. 4, 196-202 (1959). 
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tector (which is hypothesized as completely amplitude in- 
sensitive), a voltage can be derived which is proportional 
to the phase difference between the signals. This voltage 
can then be applied to a phase-correcting device (such as 
a variable-capacity diode), which will correct electrically 
for tape skew. The ultimate limitations on this scheme are: 
the amplitude insensitivity of the phase detector; random 
noise, which inherently limits the accuracy of phase detec- 
tion; and the time-constant of the phase detector, which 
determines the maximum correction rate. Of these limita- 
tions, the last is the most serious, since phase detection is a 
time-averaging process generally recuiring several cycles of 
signal before a correction is obtained. Thus, when measur- 
ing low-frequency signals, correction cannot be made for 
high skewing rates. Perhaps this difficulty can be overcome 
by recording a pilot tone at some high frequency on each 
channel. 

There is one additional possible solution which deserves 
consideration. If the residual output after subtraction is 
synchronously detected against a carrier derived from the 
sum of the two signals, a dc output can be obtained which 
is proportional to the amplitude difference of the signals 
(modulation noise), and almost independent of phase dif- 
ferences (skew). Although this scheme converts the system 
into an indirect measurement (since dc rather than residual 
signal is measured), it may prove valuable as the most prac- 
tical means of obtaining desired results. An analysis of this 
idea is found in Appendix 2. 


APPENDIX 1 


The measuring technique shown in Fig. 3 is, as previously 
mentioned, oversimplified. The probability of finding a stereo 
head with sections identical enough to justify canceling prior 
to amplification is slight. The block diagram of Fig. 8 
shows a more useful system for measuring in playback. 
Here, each head section is fed to its own playback amplifier, 
followed by independent gain controls and phase correcting 
networks. The phase correction is required because of 
slight differences in head inductance and miscellaneous stray 
capacities, both causing what would be minor phase shifts 
in other applications. 

The mixing is done in a differential amplifier (in this case, 
a Tektronix 53/54E preamplifier) to prevent interaction be- 
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tween channels. If the signals have been accurately bal- 
anced (both in amplitude and phase), the output will be 
pure noise. Assuming that modulation noise is the only 
significant component, the pattern on an oscilloscope will 
appear as in Fig. 9. Because of the difficulty of synchroniz- 
ing to periodic noise, a signal is taken from one channel to 
trigger the oscilloscope. If a linear sweep is used, the top 
pattern in Fig. 9 will be obtained, repeated as many times 
as the sweep rate will allow. If a sine wave sweep is used 
(obtained by utilizing the output from one or both of the 
playback amplifiers), the lower pattern is obtained. The 
latter is more useful for observation since the pattern stays 
fixed and sync problems are avoided. In addition, ampli- 
tude and phase adjustments are easier to make since am- 
plitude differences show up as a tilt of the pattern while 
phase errors cause the pattern to open into an ellipse. 


APPENDIX 2 


The complete equations for the electrical outputs from 
tracks 1 and 2, respectively, are 


a A sin (wt = a) 


€2 = Bsin (wt + p), (Al) 


where A and B are varying amplitude coefficients due to 
modulation noise, and a and f are the instantaneous electri- 
cal phase variations due to skewing of the tape. 

If the tape is assumed to have rotational skew onlyt (that 
is, it pivots about a point midway the head gaps), then a 
and 8 must always be equal and opposite. In this case 


. -B = ¢/2, 
where ¢/2 is defined as the instantaneous electrical phase 


t The validity of this assumption of rotational skew only needs 
further investigation since appreciable amounts of translational skew 
will upset the approximation. However, it appears that vertical 
translation should be easy to control by placing guides directly above 
and below the head gaps. 
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variation of either track from reference phase, and ¢ is the 
total phase difference between the tracks. 
For simplicity, the sign of a is chosen always positive. 
Substituting this relationship and expanding the equa- 
tions by trigonometric identity: 


€; = A (sin wt cos ¢/2 + cos wt sin 6/2) 


é2 = B (sin wt cos ¢/2 — cos wt sin ¢/2). (A2) 
The residual output after subtraction is 
€o = €1 —€2 = [(A-B) cos $/2] sin ot — 
[(A + B) sin $/2) | cos wt. (A3) 


If the quadrature (cos wt) term could be eliminated, then 
Eq. (A3) would give a result almost independent of skew 
over a reasonable range, since the output would vary as 
cos ¢/2, rather than directly with ¢ as in Eq. (4). This 
can be done by multiplying Eq. (A3) by a reference signal. 
Unfortunately, doing so converts the measurement into an 
indirect one since the result is varying dc rather than the 
original residual signal. However, the advantages may out- 
weigh this factor. 

A reference signal may be obtained in the following way: 
From Eqs. (A2), 


€3 =; + €2 = (A+ B) cos (¢/2) sinwt. (A4) 


Clipping and filtering removes the amplitude variations from 
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€3, and it can now be considered a reference signal of unit 
amplitude: 
é, = sin of. 

Various devices, such as synchronous detectors, will mul- 
tiply two signals with a good degree of linearity. Using 
such a device to multiply the residual output [Eq. (A3)] 
by the reference yields 

€o' = €o X &y = 2 [(A-B) cos ¢/2] 
-¥Y% |(A-B) cos /2] cos 2ut 
+ % [(A+ B) cos $/2] sin 2ot. 

The high-frequency terms can be eliminated with a low-_ 
pass filter, leaving : 
eo’ = ¥% [(A-B) cos $/2]. 

The measurement error due to skewing is thus reduced 
to an insignificant factor for reasonable amounts of skew. 
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A New Equalization Characteristic for Master Tape Recording” 


A. A. GOLDBERG AND Emit L. Torick 


CBS Laboratories, Stamford, Connecticut 


Although the signal-to-noise ratio of master tape recorders is good by present standards, a low 


level background noise still exists. This is heard as hiss, due to the characteristic of the ear. 


Hiss 


reduction is accomplished by a new equalization that increases the tape loading in the frequencies 
between 1000 and 15,000 cps and decreases the hiss by 6 db as compared with NAB equalization. 
This is achieved at the expense of increased distortion within the hiss frequencies. 


er tape recorders, running at 15 ips and using 
NAB equalization, are capable of providing a 55-db 
signal-to-noise ratio (peak record level to unweighted noise). 

Existing disk recording techniques had improved to a 
point where the audible master tape hiss became objection- 
able, especially during low level program material. An in- 
vestigation of this problem resulted in a new equalization 
that reduces the hiss by 6 db. This work was done prior to 
the disclosure of the Ampex Master Equalization (AME) .' 
It is gratifying to note the agreement in broad areas between 
Ampex and CBS data. 


NOISE VERSUS HISS 


The total noise measured by a meter cannot be correlated 
with the hiss that a listener hears. Hiss is a low level noise 
that is heard when the program material is absent. Low 
level white noise has a treble characteristic because it is 
weighted by the frequency response of the ear. This loud- 
ness sensitivity of the ear has been described by Fletcher 
and Munson, and others.” For the work presented here it 
is assumed that the hiss level is 40 phons in the absence of 
program. 

A decision had to be made as to which of the available 
loudness contours should be used. McKnight! employs a 
combination of Fletcher-Munson at the low frequencies and 
Robinson at the high frequencies (see Fig. 1). 

Subsequent listening tests indicated a greater hiss reduc- 
tion than that which could be calculated by using the 
Fletcher-Munson curve. McKnight disclosed that he had 
a similar experience which resulted in his using the com- 
posite loudness contour. 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 

1 John G. McKnight, J. Audio Eng. Soc. 7, 5 (1959). 

2 Beranek, Marshall, Cudworth, and Peterson, J. Acoust. Soc. Am. 
23, 261-69 (1951); Fletcher and Munson, J. Acoust. Soc. Am., 5, 
82 (1933); Churcher and King, J. Inst. Elect. Engrs. (London) 
81, 57-90 (1937); Irwin Pollack, J. Acoust. Soc. Am. 24, 533- 
38 (1952); Robinson and Dadson, Natl. Phys. Lab., Notes on Appl. 
Sci. No. 10, (1955); Robinson, I.R.E. Trans. on Audio, AU6, No. 1, 
6-13 (Jan.-Feb., 1958). 


NOISE MEASUREMENTS 


All work was done on an Ampex Model 350-2P magnetic 
recorder employing NAB equalization. 

At 15 ips, the ratio of peak record level to unweighted 
noise is 55 db. The peak record level is defined as that 
level at which the over-all (input to output) total rms 
harmonic distortion does not exceed 3% when measured on 
a 400-cps tone. Noise is measured when erasing a signal 
of peak record level in the absence of a new signal. Thus 
bias and erase noise are included, as well as playback ampli- 
fier noise. All frequencies between 50 and 15,000 cps are 
measured. 

The playback amplifier has a measured peak record level 
to unweighted noise of 61 db. This measurement was made 
by comparing the output while recording 400 cps at 3% 
distortion to the output after the Stop button was pressed. 
Referred to the calibrated vu meter, this represents 56 db 
below 0 vu. 

Figure 2 is the measured noise spectrum of the unmodified 
Ampex channel, employing NAB equalization. The Scotch 
111 tape, used in these measurements, was bulk erased to 
eliminate any residual signals. A 1000-cps signal was re- 
corded at a level of 0 vu and the playback level adjusted 
to 0 vu. The playback line was connected to a McIntosh 
MC-30 amplifier that had been preset for 40-db gain. This 
in turn fed a General Radio 736-A wave analyzer. After 
the levels were set, the 1000-cps signal was removed. The 
machine, however, still remained in the record mode. The 
noise balance control was adjusted for minimum noise at 
all stages of the measurements. 

The solid line of Fig. 2 represents the system noise spec- 
trum with the erase current removed, whereas the dotted 
line was taken with the erase current present. The dashed 
line represents the amplifier noise spectrum and was taken 
with the tape stopped. 

The noise spectrum is similar to the NAB playback am- 
plifier response. It appears that the noise contributed by 
the erase current is predominantly low frequency in char- 
acter. This effect could be explained by a direct current 
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component, as demonstrated by Howling.* He points out 


that as the direct current magnetization is increased, the 
magnitude of the noise increases according to the shape 
anisotrupy, and excessive low-frequency components appear. 
The latter are a result of the inhomogeneous mixing of the 
oxide dispersion in the binder. Clumping of the oxide par- 
ticles leads to areas of relatively intense magnetic moment, 
which give a large pulse with a fundamental Fourier com- 
ponent in the region of 200 cps when the tape is moving at 
15 ips (A= 75 mils). If direct current magnetization is 
present, there should be a general increase in noise through- 
out the entire audible spectrum. That this is not so, is still 
unexplained. 

Referring again to Fig. 2, the system noise is shown to be 
greater than the amplifier noise. It has been established 
that this increased noise is caused by the presence of bias 
current. When the bias is removed and the tape motion 
continues, the noise drops nearly to that of the amplifier. 
Due to the lack of modulating signal on the bias, it is not 
valid to explain this phenomenon in terms of modulation 
noise. 

Stochastically this noise may be generated as follows: 
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3D. H. Howling, J. Acoust. Soc. Am. 28, 977-87 (1956), reprinted 
in J. Audio Eng. Soc. 5, 156 (1957). 


Magnetic irregularities caused by both the media and con- 
tact variations can statistically affect the positive and nega- 
tive excursions of the bias unequally. This results in a 
shift of the average axis and causes a net tape surface in- ' 
duction that is other than zero. Statistically, after a long 
enough period of time the average axis will be zero. During 
a short period of time, however, the chances are that one or 
the other polarity of bias excursion will be discriminated 
against with a resulting shift in the average axis. From 
this theory it is expected that the noise is at a maximum 
at the bias frequency and decreases exponentially with a 
decrease in frequency. 

A curve representing hiss that the listener hears can be | 
made by weighting the noise spectrum (Fig. 2) with the 
composite loudness contour (solid line Fig. 1), which results 
in the hiss spectrum (solid line Fig. 3). 
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n 
A comparison of total hiss powers can be calculated by) d 
integrating the hiss spectrum. This integration was carried 
out by replotting the hiss spectrum on a linear ordinate and” tl 
making a cardboard cutout to fall below this line. When t 
these cutouts are weighed, the ratio of the weights represents | 
the power ratio. t 
Examination of the solid line in Fig. 3 indicates a high 
hiss level at 3000 cps and a minor peak at 500 cps. Sub- 
jectively, the listener interprets the 3000-cps energy as hiss, 
whereas the lower frequency energy resembles a muffled 
sputtering. Listening tests indicate that the subjective 
effect of the low-frequency components is of very low in- 
tensity, and the predominant audible noise is in the region 
above 700 cps. The low-frequency noise is sporadic in na- 
ture as compared with the continuous hiss. 


HISS REDUCTION BY INCREASED TAPE LOADING 


Subjectively, most of the hiss we hear is contained be- — 
tween 700 and 10,000 cps. Heavier loading of the tape 
within this spectrum would decrease the hiss loudness, and : 
it was toward this end that an investigation of tape loading 
was made. 
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Figure 4 represents the record level vs frequency for 
maximum tape loading. A signal generator energized the 
record head through a constant current resistor, and a 100- 
kc bias was injected via a small capacitor. The signal from 
the playback head was amplified by a flat frequency re- 
sponse preamplifier, and the signal was viewed on an oscillo- 
scope. The record level was set for maximum reproduced 
output in the range above 6000 cps and for 3% distortion 
for frequencies below 6000 cps. 

Figure 5 is an approximate plot of peak energy vs fre- 
quency as determined by measuring an assortment of musi- 
cal selections.‘ Subsequent data by McKnight’ indicate 
that there is no absolute peak energy curve which encom- 
passes all musical selections. It is felt, however, that the 
curve in Fig. 5 represents most of the peak levels encoun- 
tered. When the inverse of this curve is used to weight the 
maximum tape loading curve of Fig. 4, the result is a 
modified maximum loading curve as represented by the 
dot-dash line in Fig. 6. In the same figure, the standard 
NAB equalization is represented by the dashed line. Note 
that the NAB curve never exceeds the modified maximum 
tape loading curve (dot-dashed). 

A new record equalization, as shown by the solid line in 
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4 Snyder and Havested, IRE Convention Rec. Pt. 7 (1956). 


Fig. 6, was tried. It reduces hiss at the expense of increased 
distortion in the frequency range between 1000 and 6000 
cps. For comparison, the Ampex Master Equalization is 
shown by the dotted line. 

The theoretical hiss reduction is 6 db when the noise 
power ratio of the NAB and CBS equalizations are com- 
pared between 700 and 15,000 cps. A noise spectrum of 
the CBS modified channel was measured, employing similar 
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techniques as for Fig. 2, and the results are shown in Fig. 7. 

Referring again to Fig. 3, the dashed line represents the 
weighted CBS hiss spectrum. The calculated ratio of CBS 
to NAB hiss, integrated between 700 and 15,000 cps, is 4 db. 

One channel of the Ampex 350-2P recorder was modified 
to CBS equalization, and the other channel was left un- 
altered. An RCA LC1IA loudspeaker in a laboratory infinite 
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baffle enclosure and a McIntosh MC-30 amplifier were used 
for hiss listening comparisons. The room was a reverberant 
laboratory of large dimensions. Music was recorded and 
reproduced at a greater than comfortable level and then 
removed. As the amplifier was switched between the CBS 
and NAB outputs, the calibrated attenuator was adjusted 
until the hisses from the two channels were equal. A jury 
agreed that there was 6 db less hiss in the CBS channel. 
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Fic. 8. Record amplifier conversion. Ampex 350-2. CBS master 
equalization. 


AMPEX MASTER EQUALIZATION 


Ampex Master Equalization employs similar reasoning in 
that the tape loading in the hiss frequencies is increased at 
the expense of greater distortion. Ampex, however, extends 
the extra loading down to 300 cps as compared with 1000 
cps of the CBS equalization. Theoretically, AME reduces 
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hiss by 1.5 db more than the CBS equalization. This is 
approximately borne out in actual listening tests. Mc- 


Knight claims a subjective improvement of 7 db, whereas 
the CBS equalization shows 6 db. 
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Fic. 10. Playback amplifier conversion. Ampex 350-2. CBS master 
equalization 
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An advantage of the AME is the more gradual slope, 
which can be realized with simpler circuitry as compared 
with the CBS equalization. 


CIRCUIT CONVERSION TO CBS EQUALIZATION 


The record amplifier conversion is shown in Fig. 8; new 
circuitry is enclosed by dotted lines. No provision is made 


for operating the modified channel at other than 15 ips. © 


Therefore, the equalization switch S402 has been removed 
from the circuit. A series tuned circuit resonating at 4 kc, 
in the cathode of V404, flattens the frequency response 
above 10 kc. The measured record amplifier response ap- 
pears in Fig. 9. 
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The playback amplifier conversion is shown in Fig. 10. 
An additional feedback amplifier stage provides the required 
response as well as additional gain. A 20-kc parallel tuned 


circuit in the negative feedback path of V405 boosts the © 


gain in the 8- to 15-kc region. A series tuned circuit in the 
negative feedback path of the added 12AU7 stage reduces 
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the gain in the 5-kc region. Figure 11 is the measured play- © 


back amplifier response. The total record-playback response 
appears in Fig. 12. 


i 


i. 


i] 


y 


= 
% OSTORTION 


o— 


% DISTORTION 
. 8 


o 
T 


e : = 
= pe 
vaoz [ s30x | v4o3 veos 
'2$u7 5% '2$u7 6c5/655 — 
: | _.0005 | Ww - 
(= Ea *(—-) Po 
i ) x 
: , : Zz 
- cat. on 7 
@ ‘ | 1s | | 
10K 3% 10 | : | om 
f 00 200 a *| - 2200 ( 
: ” i J / el 
2 es SS | | 
| COSC i) | 
COM NI Ci] | 
»" r a Ce . 
‘ PL. equa 
ee cond 
: play’ 
Te 
| | the | 
20 100 1000 10000 20000 Pack 
S FREQUENCY IN CYCLES PER SECOND mete 
: mon 
| sepa 
ured 
- amp 
] fll} OHM cont 
i F 
’ is ce 
CoCo TC | 
| ee 30am wom anil 
2 o- _ + 2 
= -5 , LL , joj jp iii Resnneh aeaai | } 
) l tu oT Eg 
; 2 oe AMPEX _350-2P_RESPON 
| _ 8 8=——— EEE 
ici — a 
oT roe ne, Oa pT f 
| ns Gn = 
. | 


ope, 
ared 


A NEW EQUALIZATION CHARACTERISTIC FOR MASTER TAPE RECORDING 


a 2 is asinine 
1o——— HARMONIC OVERLOAD DISTORTION 0 
WITH WAB EQUALIZATION 
; | | 
ss° T ee — - 
° —— TAPE OUTPUT DISTORTION 
- a ——=RECORD AMPLIFIER DISTORTION , 
Pe ae ee need OOD Cas 
— aie a 4 
_ = —— Se 
° ‘0 s = 
08 ABOVE O WU RECORD LEVEL 
Fic. 13. 
DISTORTION 


Distortion measurements were made of the NAB and CBS 
equalized channels. As far as possible, record and playback 
conditions were kept the same. For all measurements, the 
playback level was maintained at a constant —10 vu. 

Total harmonic distortion measurements were made for 
the NAB channel and are shown in Fig. 13. A Hewlett- 
Packard 200 CD audio oscillator and a 330B distortion 
meter were employed. The solid lines represent the har- 
monic distortion at the playback amplifier terminals. Three 
separate frequencies—500, 100, and 5000 cps—were meas- 
ured with record levels up to 20 db above 0 vu. The dotted 
lines represent the harmonic distortion of only the record 
amplifier; it is apparent that the magnetic recording process 


_ contributes most of the distortion. 


Figure 14 represents similar measurements made on the 
CBS channel. The harmonic distortion at 500 and 1000 cps 
is comparable with the NAB curves, but it rises sharply at 
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5000 cps. It should be noted, however, that the CBS dis- 
tortion at 5000 cps is less than 3% at O vu. 
Intermodulation distortion measurements were made with 
a Measurements Corporation, Model 31, intermodulation 
distortion meter. This device consists of a generator which 
supplies a mixed 60- and 3000-cps signal to the apparatus 
under test and an analyzer section which reads directly the 
output voltage and the percentage of intermodulation pro- 
duced. This method is similar to that recommended by the 
SMPTE and primarily measures nonlinearity at the lower 
test frequency. As shown in Fig. 15, the intermodulation 
distortion of the CBS channel is less than that of the NAB. 
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CONCLUSIONS 
A choice is now available between the AME and the CBS 
equalizations. Although no distortion data on the AME 
approach have been published, it is reasonable to assume 
that the distortion will be greater, and one should consider 
if the extra 1- or 2-db reduction of hiss is worth this addi- 
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tional distortion. Electrically, it is easier to modify the 
Ampex machine to tae AME, but the CBS modification pre. 
sents no great difficulty. 


The CBS equalization is an effective means for reducing 
hiss without excessively reducing the dynamic range of mas 
ter tape recordings. 
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A Survey of Some New Tubes for Audio Output Applications* 


Rospert E. Mor 


General Electric Company, Owensboro, Kentucky 


Four recently announced pentodes and two rectifiers, covering the range of 14- to 60-w push- 
pull output, are discussed along with analysis of operating conditions, performance, and circuit 
design precautions. Discussion of safety factors on overload versus published ratings is also given. 


Ly eemes gaps in the range of available power output 

levels have been filled in by six recently released tube 
types, offering a real advantage to the designer of high- 
fidelity audio equipment: three pentodes, one dual-pentode, 
and two rectifiers. All of these feature new plate materials 
and design techniques giving them greater power output 
capability in the same or smaller envelope size as previously 
used types. The secret is the new technique of bonding 
various outer surfaces on the anode such as nickel and 
aluminum-clad iron to a copper core, which results in excel- 
lent surface radiation properties combined with superior 
heat conductivity. As a result, electrode dissipations can 
be raised as much as two to one without fear of “hot spots” 
and overloading. 

The first, the 7189-A, is an outgrowth of the 6BQ5, inter- 
changeable with the European EL84. Featuring high trans- 
conductance and power sensitivity, the early EL84’s were 
quite popular but found to be somewhat shy in reliability 
when used up to their full ratings. Table I shows a com- 
parison of EL84 and 7189-A ratings, but it should be borne 
in mind that the latter has an excellent survival rating on 
life, compared with the original. Use of the new plate ma- 
terial to cut down internal temperatures, plus two screen 
leads in the stem, to conduct heat away, give the 7189-A 
far more safety factor. Table II shows push-pull power 
output and distortion capabilities under continuous tone 
conditions. 


* Presented October 6, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 


The second type, the 6DZ7, a double pentode, combines 
two of the above electrode assemblies in a T-12 envelope 
to make a single-tube push-pull output stage for each chan 
nel in a stereo system. Ratings are shown in Table III 
It can be used in applications intended for an earlier double 
tetrode, the 6DY7, as basing connections are the same ané 
characteristics are similar, and it is being offered at an 
attractive price. 


The third pentode, the 7355, is a newcomer to the line! 
with characteristics between a 6V6 and 6L6, and still hone 
in a T-9 envelope. The heavy Aliront copper plate gives if 
its 18-w plate dissipation rating. Characteristics and ratings 
are shown in Table IV and a typical plate family and load 
line in Fig. 1. Note that two of these in Class AB at ful 
ratings, continuous signal will give 28 w at 2% distortion 
with “music ratings” being proportionately higher. These 
give the designer several advantages: small size, high power 


Taste T. Comparison of FL84 and 7189-A ratings. 


Maximum ratings 


EL84 7189-A 
design-cenmter design-max 

values values 
Plate voltage 300 v 440 v 
Screen voltage 300 v 400 v | 
Plate dissipation 12.0w 13.2 w 
Screen dissipation (continuous) 2.0w 2.2w 
Screen dissipation (peaks) 4.0w 44w 
Cathode current 65 ma 72 ma 


+t Trademark registered by General Plate Div., Metals and Controk 
Corp., Attleboro, Mass. 
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A SURVEY OF SOME NEW TUBES FOR AUDIO OUTPUT APPLICATIONS 


output, and more safety factor than the smaller miniature 
tubes. 


Taste Il. Typical operating results—push-pull 7189-A and EL84. 


Push-pull class AB1 operation 
values for two tubes 
EL84 


7189-A 
Plate voltage 300 v 400 v 
Screen voltage 300 v 300 v 
Grid-No. 1 voltage -14.7 v -15v 
Max signal plate current 92 ma 105 ma 
Max signal screen current 22 ma 25 ma 
Effective load resistance (P-P) 8000 ohms 8000 ohms 
Total harmonic distortion 49% 4% 
Max signal power output l7w 24w 


The fourth pentode, the 7581, is similar to the 6L6GC, 
but with characteristics controlled for hi-fi applications. 
Two tubes will produce 55 w continuous at 2% distortion, 
which should be adequate for even the highest output re- 
quirements (Table V). 


Tasre Ill. Maximum ratings and typical operation—6DZ7. 


Design-max Push-pull 
ratings class AB1 
each operation 
section 2 sections 
Plate voltage 440 v 400 v 
Screen voltage 300 v 250Vv 
Grid-No. 1 voltage a= -llv 
Plate dissipation 13.2w a 
Screen dissipation, total 4.0w — 
Max signal plate current a 100 ma 
Max signal screen current — 13 ma 
Effective load resistance (P-P) _ 9000 ohms 
Total harmonic distortion — 2.5% 
Max signal power output — 18 w 


Parenthetically, the 2% distortion figures given above 
bear testimony to the increased customer pressure for im- 
proved fidelity, so that the application of negative feedback 
would result in an over-all figure of less than 1%. Now, how 
has this been achieved? Generally, it has been due to the use 
of higher plate voltages made possible by the increased plate 


Taste IV. Maximum ratings and typical operation—7355. 


Push-pull 
Design class AB1 
max operation 
ratings 2 tubes 
Plate voltage 440 v 300 v 
Screen voltage 400 v 250v 
Grid-No. 1 voltage — -—21v 
Plate dissipation 18 w e 
Screen dissipation (continuous) 2.5w — 
Screen dissipation (peaks) 5.0w — 
Max signal plate current — 185 ma 
Max signal screen current -- 24ma 
Effective load resistance (P-P) _ 4000 ohms 
Total harmonic distortion — 2.0 % 
Max signal power output — 28.5 w 
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dissipation capabilities provided by the new materials. This, 
in turn, permits running at a lower bias point without ex- 
ceeding ratings at the higher plate voltage, and hence plac- 
ing the load line in a region of the plate family having less 
curvature. 


Taste V. Maximum ratings and typical operation—7581. 


Push-pull 
Design class AB1 
max operation 
ratings 2 tubes 
Plate voltage 500 v 450 Vv 
Screen voltage 450 v 400 v 
Grid-No. 1 voltage ~ -37 Vv 
Plate dissipation 30 w = 
Screen dissipation Sw _ 
Max signal plate current -- 210 ma 
Max signal screen current -— 22 ma 
Effective load resistance (P-P) — 5600 ohms 
Total harmonic distortion — 1.8% 
Max signal power output -- 55w 


Another factor which contributes to improved perform- 
ance is the lower hot-spot bulb temperature, resulting from 
the uniform distribution of plate temperature provided by 
the new material. This means that parts can be packed 
more tightly without exceeding a safe glass temperature, 
generally around 200°C, above which life and reliability are 
rapidly affected. 


AVERAGE PLATE CHARACTERISTICS 


a) 
“> Ec2 = 250 VOLTS 
a Eci= 0 : 
= _— 
< 25 as ER ian 
a ‘ 
ad . -40 
= 200} . —— + t 
z Lh -80 
— eS [ 
2 NK | | 
is he -12.0 
eater, | 
& 1oo} —_ f+ = - ‘ -- + 
| } x = Ae) 
~~. 
re s50}— T 4 = -20 fe] 
$ i= 24.0 
" =28.0 
° it Cake 
° 100 200 300 400 300 


PLATE VOLTAGE IN VOLTS 
Fic. 1. Typical plate family and load line—7355. 

As for the rectifiers, the 6CA4 is a miniature full-wave 
cathode-type rectifier interchangeable with the European 
EZ81, and features the same ratings but with a simpler 
structure yet more plate dissipation safety factor and wider 
electrode spacings, because of the use of the new copper 
cored material. It therefore provides much better reliability 
where the application requires operation at or near maxi- 
mum ratings (Fig. 2). . 

The second rectifier, the 5AR4, is interchangeable with 
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As an exatiiple of a practical application, Table VI shows 
the tube complement of a small, compact stereo ampiifier 
which can be rated at 50 w (25 per channel) using four 
7355’s and two 5AR4’s. With small envelope sizes and 
seated heights of 27% in., these meet current design require. 
ments for the small, flat contour so popular in hi-fi packag- 
ing and yet pack a terrific punch. 


Taste VI. Tube complement—25 w/channel 
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Fic. 2. Rute chart—6C A4. 


the European GZ34 but again has wider spacings, more 
cathode area, runs cooler, and is more reliable. In addition, 
it achieves these results in a smaller (T-9) envelope than 
the GZ34 (T-10) (see Fig. 3). 
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ene 


Voltage amplifier and 

phase inverter 
Push-pull output 
Rectifier 


1-7025 or 7247 
2-7355 
1-5AR4 


The same output tubes could be used at slightly lower 
voltages and currents to give 20 w/channel, and use two of 
the smaller 6CA4 rectifiers. This line-up also has the ad- 
vantage of less total heater and plate dissipation to reduce 
the maximum cabinet temperature. 

In conclusion, it can be said that hi-fi and stereo are 
entering a new era, with the availability of small, powerful, 
yet conservatively rated tubes to provide greatly improved 
performance in a small space. 
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Synthetic Reverberator” 


Harry F. OLson AND JoHN C. BLEAZEY 


RCA Laboratories, Princeton, New Jersey 


The reproduction of sound may be enhanced by the addition of artificial reverberation when 


the reproduced sound is below the optimum value of reverberation. 


Reverberation consists of 


multiple reflections in which each pencil of sound suffers a decrease in intensity with each reflection. 
This may be simulated by passing the reproduced sound through a series of transducers with 


progressive delay and attenuation. 


A synthetic reverberator has been developed with a loud- 


speaker, pipe, and microphone delay unit in combination with a feedback system. 


INTRODUCTION 


EVERBERATION is the persistence of sound after di- 
rect reception from the source has stopped. One of the 
spatial aspects of sound reproduction as manifested by re- 
verberation is an important artistic attribute of reproduced 
music. There is an optimum reverberation time for every 
musical rendition. Thus, it will be seen that the reproduc- 
tion of music may be enhanced when the reproduced sounds 
of music are below the optimum value of reverberation by 
the addition of appropriate amounts of reverberation. In 
this connection, it may be desirable to vary the reverberation 
continuously and thereby obtain the maximum artistic effect. 
The addition of reverberation in various degrees may be 
carried out by means of an artificial reverberation simulator. 
Reverberation in a room consists of multiple reflections of a 
large number of pencils of sound in which each pencil of 
sound suffers a decrease in intensity with each reflection. 
These conditions can be simulated by passing the reproduced 
sound through a series of transducers with progressive delay 
and attenuation. It is the purpose of this paper to describe 
a synthetic reverberator which provides an acoustoelectronic 
means for introducing reverberation of different degrees of 
reproduced sound. 


REVERBERATION 


When a source of sound is started in a room, the energy 
does not build up instantly, owing to the finite velocity of 
propagation of a sound wave. Each pencil of sound sent out 
by the source is reflected many times from the partially 
absorbing walls of the room before it is ultimately dissi- 
pated. A two-dimensional schematic version of the growth 
of sound in a room, when there is a steady source of sound 
S operating, is shown in Fig. 1. Figure 1(A) shows the 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 


direct sound D and the first pencils of reflected sound R;, 
Rs, Rs, and R, which arrive at the observation point O. 
The energy in the direct sound is greater than the reflected 
sound because of the smaller distance and the absence of 
absorption by the walls which occurs in the reflected sound. 
The increments of direct and reflected sound energy as a 
function of the time are shown in the graph of Fig. 1(A). 
Some of the sound reflections such as R;, Ry, R;, and Rs 
are shown in Fig. 1(B). The reflected sound suffers a re- 
duction in energy at each reflection; therefore, the succeed- 
ing increments of reflected sound become smaller and smaller 
and are ultimately dissipated. A steady-state condition ob- 
tains when the energy absorbed by the walls equals the 
energy delivered by the sound source. The sound-growth 
characteristic approaches asymptotically the ultimate energy 
density, as shown in Fig. 1(C). 

As in the case of the growth of sound, some time is re- 
quired for the sound energy to be completely absorbed after 
the source is stopped. The decay of sound is depicted in 
Fig. 1(D). After the source has stopped, the first drop in 
sound energy is that due to the direct sound D. Then fol- 
lows the reflected sound R,, Rs, Rs, etc. The complete 
growth and decay characteristic of sound energy in a room 
is depicted in the graph of Fig. 1(D). 

The decay characteristic is exponential. Therefore, for 
any particular enclosure the decay in decibels per unit of 
time is a constant. 

The time required for sound energy in an enclosure to 
decay 60 db is defined as the reverberation time. 


REVERBERATION SIMULATORS 


The reverberant conditions of Fig. 1 can be simulated by 
various electronic systems. It is the purpose of this section 
to develop the principles of reverberation simulators. 

For the purpose of the discussion it will be assumed that 
the original sound has been recorded under free field condi- 
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Fic. 1. A two-dimensional version of the growth and decay of the 


sound in a room. Here, S is the source of sound and O the observa- 
tion point. (A) The direct sound energy D and the reflected sound 
energy R:, Re, Rs, and R,, from the four walls. (B) The addition of 
the second reflections Rs, Rs, R:, and Rs. (C) A large number of 
reflections which approximate steady-state conditions. (D) The decay 
of sound energy after the source has stopped. 


tions, that is, no reverberation. The object is to provide 
synthetic reverberation to the sound recorded under these 
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Fic. 2. Schematic arrangement of a synthetic reverberation system 
consisting of the combination of a loudspeaker, microphone, and 
room. 


HARRY F. OLSON AND JOHN C. BLEAZEY 


conditions and thereby simulate the reverberant conditions 
of sound recorded in an enclosure. 

Artificial reverberation may be added to a sound signal 
by means of a loudspeaker, reverberant chamber, and mi- 
crophone combination shown in Fig. 2. It will be seen that | 
this system provides the reflected sound pattern which is | 


similar to that which is obtained when sound is picked up 


OuTPUT 


DELAY ATTENUATION 


Fic. 3. Schematic arrangement of an electronic synthetic reverbera- 
tion system consisting of a bank of parallel transducers with progres- 
sive delay and attenuation. 


from a source in a reverberant room, as outlined in Fig. 1. 
The reverberation time may be controlled by the amount of 
sound absorbing material in the chamber. Mixers may be 
provided so that any ratio of the original sound to the re- 
verberant sound may be obtained. 
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Fic. 4. An euntictaiuaeite delay system consisting of a loud- 
speaker, pipe, and microphones. 


Reverberation in the chamber described above consists of } 
multiple reflections of a large number of pencils of sound. 
Each pencil of sound suffers a decrease in intensity with 
each reflection. In addition, each pencil of sound is delayed 
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Fic. 5. End and side views of the microphone used in the acousto- 
electronic delay system. 


END view 


with each successive passage past the microphone due to 
the finite propagation velocity of a sound wave. Thus, it 


will be seen that the operation of the reverberation chamber : 


can be simulated by the system of Fig. 3 consisting of a 
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Fic. 6. Response-frequency characteristic of the acoustoelectronic 
delay system for microphone No. 3. 


bank of parallel transducers with progressive delay and at- 
tenuation. When the original sound signal passes through 
a series of transducers with progressive delay and attenua- 
tion, the acoustic conditions are similar to those encountered 


Fic. 7. Synthetic reverberator with the back removed showing the 
amplifiers, loudspeaker, pipe, and microphones. 
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in the system of Fig. 2. Mixers may be provided so that 
any ratio of direct to reflected sound may be obtained. The 
system of Fig. 3 is essentially electronic. The key element 
is the delay unit. It is the purpose of the section which 
follows to describe the acoustoelectronic synthetic reverbera- 
tor. 


SYNTHETIC REVERBERATOR 


The synthetic reverberator is a system similar to that 
of Fig. 3 in which acoustoelectronic means are employed to 
introduce increments of progressive delay and attenuation 
in the original sound signal and thereby add artificial rever- 
beration to the original sound. 
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MECHANISM 
Fic. 8. Schematic block diagram depicting the elements of the syn- 
thetic reverberator. 


The key element in the system is the acoustoelectronic 
delay unit shown in Fig. 4. The delay unit consists of a 
horn-loudspeaker mechanism coupled to a pipe with three 
ribbon-type microphone units located at distances of 25, 55, 
and 75 ft from the loudspeaker mechanism. This acousto- 
electronic delay system provides delays of 23, 50, and 69 
msec. As will be described later, the delay unit in conjunc- 
tion with feedback provides a series of components with 
time spacings of 23, 27, 19, 23, 27, 19, etc., msec. The de- 
tails of the microphone unit are shown in Fig. 5. The pole 
pieces of the ribbon unit are designed so that the acoustical 
impedance introduced by the microphone in the pipe is negli- 
gible. The over-all response-frequency characteristic of the 
compensated amplifiers, loudspeaker, and microphone No. 3 
is shown in Fig. 6. The photograph of Fig. 7 of the syn- 
thetic reverberator with the back removed shows the ampli- 
fiers, loudspeaker, pipe, and microphones. 

A block diagram of the elements of the synthetic rever- 
berator is shown in Fig. 8. It will be seen that the output 
of the microphone is fed back through the system in a 
positive feedback fashion. In this way it is possible to 
vary the reverberation time by means of the gain in the 
feedback loop. 
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OUTPUT IN DECIBELS 


1 ia 


Fic. 9. Sound path diagram and the emitted sound components of 
the synthetic reverberator. 


The reverberation time is defined as the time required for 
the sound to decay 60 db. The transit time of the sound 
through the delay system is 69 msec. If the reverberation 
control is disconnected and a voltage e; is applied to the 
input amplifier of the delay unit, the output voltage of the 
delay unit will be e2. The loss in gain through the delay 
system, in decibels, is given by 

20 logi (€2/e1). (1) 
The reverberation time, in seconds, is given by 
0.207 


~ logio (€2/e1) 


(2) 


The potentiometer provides for any ratio of e; to és and 
hence any reverberation time. 
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Fic. 10. Schematic diagram of the elements of the system for mix- 
ing the direct and reverberant sound components. 


Fic. 11. Synthetic reverberator. 


Referring to the block diagram of Fig. 8, it will be seen 
that the outputs of the three microphones are mixed so that 
for each circuit of the sound there are three components 
unequally spaced with respect to the time to provide a 
measure of randomness in the components of the reverber- 
ant sound. The paths of the sound and the components 
which are emitted for a continuous input are shown in Fig. 
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9. The rate of decay of the amplitude of the emitted sound 
components with respect to time depends upon the amount 
of feedback which in turn is controlled by the feedback con- 
trol potentiometer. 

In use the direct and reverberant sound are mixed by 
means of the system shown in Fig. 10. 

A photograph of the synthetic reverberator is shown in 
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Fig. 11. The dimensions of the cabinet are 50 in. in height, 
30 in. in width, and 20 in. in depth. 

Reverberation times of 0 to 4 sec with good quality can 
be obtained with the synthetic reverberator. The advantage 
of the synthetic reverberator over that of a reverberation 
chamber is the small space required and the practically in- 
stantaneous control of the reverberation time. 
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Design and Development of an Engineering Report’ 
GrorcE B. GoopALL 


Ampex Corporation, Redwood City, California 


Project engineers are being called on to present an increasing number of written reports covering 
the design and development programs they supervise. Many of them feel that professional writing 
ability is required and that the demands on their time preclude more than a cursory interest in 


these important documents. 


This paper shows that an orderly and logical presentation of material is more important than 
skillful writing techniques and relates the organization of the report to a simple engineering prob- 
lem. It explains why the engineer should originate the reports on his project and the growth in 


professional stature that will result. 


INTRODUCTION 


1 pn engineering report is one of our more important 
means of conveying technical information and is prob- 
ably the most familiar literary antagonist of the typical 
engineer. Yet if that engineer attempts to secure informa- 
tion on preparing a report, he almost invariably finds that 
existing literature provides only a list of do’s and don’ts 
concerning grammar, punctuation, choice of words, etc. The 
presentation of facts and ideas is ignored in favor of writing 
technique; the concepts of what a report is for and how it 
is used are ignored in favor of the semicolon; the organiza- 
tion of material is ignored in favor of the unsplit infinitive. 

Admittedly, we must have some means of conveying our 
information, and the most practical means is the written 
language. Obviously, it is nice to have an easily read, pre- 
cisely correct, writing style. But writing technique cannot 
be learned by listening or reading. It comes only with ex- 
perience—by sitting down and writing, having your mis- 
takes pointed out, and writing again. 

In any event, skillful writing is the least important in- 
gredient of a good report. The sentence structure employed 
may be likened to the carrier component of a radio signal; 
it must be present to transmit the information but once it 


* Presented October 9, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 


reaches the home receiver it is filtered by electronic circuits 
until the listener hears only the audible intelligence it con- 
tains. So the mind of the reader tends to ignore the style 
of writing in a report and concentrate on the facts and ideas 
that are being presented. Only when the carrier wave be- 
comes noticeable is it objectionable. This is also true of 
writing style, whether it be caused by complete inadequacy 
of expression or by an overly enthusiastic ability which 
obscures the information in a veil of well-turned phrases. 

This paper will approach the report from an engineering 
viewpoint, showing the purpose, the use, and then empha- 
sizing the organization of material. It will relate the prepa- 
ration to a simple exercise in engineering judgment and show 
why the engineer should personally prepare the reports on 
his project. 


PURPOSE OF A REPORT 


The report is expected to provide two primary services. 
First, it must act as a solid foundation on which decisions 
can be based. Second, it must make available to present 
and future engineering programs all knowledge and experi- 
ence gained during the course of the project. For the project 
engineer himself it serves a personal purpose in that it is 
frequently his only means of exhibiting to company and 
engineering management his ability to capably and compre- 
hensively handle a complex problem. What, then, is most 
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Taste I. Readers and their interests. 


Users 


Company’ Engineering Engineering 
Information management management personnel 
What, why, how x x x 
Engineer’s opinion of results x x x 
Approaches considered x x 
Complete technical analysis x 


important in a report? It is that the information be or- 
ganized in an orderly and logical manner, appropriate to 
the individuals you hope to reach. This is a subject that 
can be taught, and one that the trained engineer should 
almost immediately grasp because it is nothing more than a 
very simple problem in engineering design. 


PEOPLE WHO ARE INTERESTED IN THE REPORT 


Before entering the discussion of organization, it would 
be well to point out the types of people who will use the 
report and the information required by each. We are nor- 
mally interested in reaching company management, engi- 
neering management, and fellow engineers or scientists (see 
Table I). 

More and more organizations are recruiting company 
management from fields other than technical, thus many of 
these men have little or no engineering background. They 
are forever deluged with paperwork and have no time to 
peruse page after page of text in order to extract the infor- 
mation they need. The report is often their only means of 
evaluating the project, and they must decide the course of 
indicated action. We, therefore, tell them quickly and non- 
technically what the problem was, why it existed, what our 
answer is, and how we feel about the answer. 

Engineering management requires the same basic infor- 
mation as company management but is also interested in 
how we arrived at our answer so that the completeness of 
our solution can be properly evaluated. This means we 
must outline for this group the different approaches we con- 
sidered, or indeed might have embarked on, and why the 
final approach was chosen. 

Our fellow engineers will need all of the foregoing infor- 
mation plus a complete and detailed technical analysis of 
the theoretical and practical aspects of the project. 


PRELIMINARY WORK ON THE PROJECT IN A TYPICAL 
LARGE COMPANY 


If we examine the preliminary design work necessary be- 
fore the physical construction of any electronic circuit can 
be started, we will find that step by step, item by item it is 
identical to the proper organization of material in a report. 
For example, let us study the preliminary stages of a project 
established to design and develop a conventional audio am- 
plifier. 

The Product Planning Group, or its equivalent in different 
companies, will establish an over-all outline of what is 
required from the final product. You would use these 
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specifications to analyze the areas of probable difficulty, in 
determining the implied questions that would have to be 
answered during the course of the project. Insofar as your 
experience permitted, you would examine every possible 
means of solution before selecting the most promising ap- 
proach. You are in effect planning the expected course of 
your project on a small but detailed scale. 


It might well 


prove one of the most difficult tasks of the entire project. © 
Before starting the actual design work, you would have to © 
know what device was going to feed the amplifier and what 


the amplifier, in turn, was going to drive. It seems logical 
that you would now determine the number of stages and the 
types of tubes that you expect to use. In other words, pre- 
pare a preliminary block diagram of the amplifier as you 
envision it. 

Following this you could draft in the resistive and reactive 
components appropriate to each stage. You would be most 
apt to work on a modular basis, starting with new concepts 
in circuitry or those stages which had most effect on other 
stages. Sooner or later you would combine these individual 
drawings into a complete schematic diagram. 

We can leave the design and development project right 
here. Knowingly or not you have followed, step by step, 
the identical procedures required in preparing a report. 


THE REPORT VS THE PROJECT 


We now jump to the point where the project is completed, 
and it is time to write the project summary report. The 
average engineer immediately banishes all thought of the 
orderly and logical approach he used in designing the prod- 
uct. He desperately attacks a despised but necessary task 
by dumping unrelated sentences indiscriminately into a 
wastepaper basket he ultimately labels “Project Report.” 
And if anyone criticizes the report he absolves himself of all 
blame by saying, “I never could write.” Worse, he actually 
believes what he is saying, not realizing that a reorganiza- 
tion of the material would transform the same writing from 
a jumbled mass of divergent thoughts into an excellent and 
valuable document. 

To be useful, the amplifier had to have some device feed- 
ing it and some device utilizing its output. We must simi- 


a REE 


larly develop an input and output for the report; it happens | 


that we call them, functionally, the “Introduction” and the 
“Conclusions and Recommendations.” Designing the main 
body of the amplifier entails exactly the same steps neces- 


sary in preparing the main body of the report, which we | 


might call the “Technical Discussion.” Our project plan- 
ning phase coincides with the “Summary” of our report, 
although the former occurred at the start of the project and 
the summary is written last. There is possibly an “Appen- 


dix” to the report, like a remote control unit that could | 


extend the usefulness of our amplifier; any information of a 
supplementary nature that would interrupt the logical flow 
of the technical discussion should be included here. So 
every major section of the report has a counterpart in the 
amplifier (see Table 11). The similarity by no means ends 
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Taste II. How the amplifier and the report coincide. 


Amplifier Corresponding part of report 
Input Introduction 
Output Conclusions and Recommendations 
Main body Technical Discussion 
Planning phase Summary 
Remote control Appendix 
Individual stages Subsections 
Circuit components Sentences 


| here. Certainly at least the Technical Discussion will be 


broken up into subsections, just as the amplifier consisted 
of different stages. The block diagram approach was used 
to start each stage in the amplifier; it will work equally well 
with the report. 

The sentences that convey our information are our circuit 
components, corresponding to the resistors and capacitors 
and inductors that carried the signal from the input to the 
output of the amplifier. If we carelessly inserted a power 
supply filter as a coupling network between stages in the 
amplifier, we could expect poor results; if we carelessly 
insert a sentence on one subject into the discussion of an- 
other subject we can similarly expect confusion and mis- 
understanding. 


PREPARING THE REPORT 
Always remember that there is one major difference be- 


_ tween the project and the report—in the latter you are 


' working from “hindsight.” 
' and why you did it, and how you feel about it. 


led ale seen 


You know what you did, how 
The only 
thing left to do is to record this knowledge so that it can 
be used by others. 


Introduction 


In the Introduction we must establish the background 
and perspective necessary for a thorough understanding of 
the remainder of the report. An amplifier equalized for use 
with a magnetic head input could not give flat response from 
a microphone; the universal acceptance and understanding 
of the report is just as dependent on the introduction. 

It must contain: 
1. The authorization and reason for establishing the 


| project. 


2. A detailed restatement of the problem as seen by the 
engineer. 

3. A general discussion of the different approaches the 
engineer considered and the reasons for rejecting or accept- 
ing them. 

4. A detailed discussion of why one particular approach 
was chosen. 

5. A general explanation of any modification or compro- 
mise found necessary in the design specifications originally 
established as the project goal. 


Do not get too technical in the Introduction. Imagine 


you are writing a letter to a friend, recently promoted to 
project engineer, who needs help because of his inexperi- 
ence. He already knows the day-to-day details of engineer- 


ing work. You would simply demonstrate how an able and 
experienced manager planned and executed a specific pro- 
gram. 


Conclusions and Rec dations 


It is very disturbing to present a report which to the 
writer blatantly calls for certain conclusions and find that 
someone else has read the material and arrived at entirely 
different and erroneous conclusions. There is no reason to 
let this happen when the engineer can clearly state what he 
thinks are the correct interpretations of the facts he has 
presented. The quality of output from our amplifier de- 
pended on the input source used and each and every circuit 
in the amplifier; our conclusions must similarly answer 
every question posed in the introduction, and each must be 
supported by details in the body of the report. 

The project engineer, as the man closest to the problem, 
is in a unique position to make certain recommendations as 
to what action should be taken to implement the conclusions 
he has drawn. These recommendations must be impartial, 
uncolored by any personal enthusiasm or aversion that the 
engineer holds toward the product. 


Technical Discussion 


In the main body of the report, here functionally called 
the “Technical Discussion,” we are talking to fellow engi- 
neers and scientists. Basically, this section consists of a 
detailed, technical analysis of all work done during the 
course of the project. It is a misconception to think that 
only the successful approaches are of interest; on the con- 
trary, the blind alleys up which we possibly stumbled might 
conceivably be of greater value, if we explain why they led 
nowhere. There are two reasons for this: 

1. The blind alley must have appeared inviting, or you 
would not have entered it. You can save other engineers 
from making the same mistake. 

2. The result may have been inappropriate for your speci- 
fic project but be entirely suitable in a different application. 

Organization of the material is critically important in this 
section. A hodgepodge of unrelated sentences might render 
the whole discussion useless. The block diagram of planned 
subsections is invaluable in this respect. Treat each block 
carefully and completely, then forget about it and go on to 
the next block. The number and type of these subsections 
must be determined by the project itself; using the amplifier 
as a subject they might be titled “Circuit Analysis,” “Pack- 
aging,” and “Test Data,” or possibly “Input Stage,” “Am- 
plifier Stages,” and “Output Stage.” In any case every 
subsection should contain a detailed analysis of every ap- 
proach made, why it was made, the test techniques and re- 
sults, and why those results were positive or negative for 
your project. 

A word of caution, in this section, do not use complex 
mathematical derivations, long and complicated theoretical 
analyses, or detailed test data to support your findings. 
They do nothing but detract from the smooth flow of infor- 


Aa ali i li I 4 


let 


ae 


at ene 


i aie cee a er oe 

a 
y, in ne Bc 
your § ——_ — # 
sible eo 
- ap- ee 7 
well ; % 
re tog aoe a 
gical a 
| the ‘a 
pre- = 
you e 
ctive a 
most Be 
epts ¥ 
ther a 
dual q 
‘ight a 
step, —— Ps 

{ 

: | 
— | 
The 
the 
rod- | 
task 
oa 
ort.” ' | a 
f all | a 
ally | Be 
\iza- g 
rom = 
and = 

a 
eed- fe. 
imi- 
ens | 

the J 
nain . 
CeS- ‘a 
we a 
lan- - 
ort, * 
and - 
pen- ‘ 
yuld ; 
of a ' a 
Qo a 
So x 
the e 
nds a 

a 

é, 

‘i 


44 GEORGE B. GOODALL 


mation, and there is a better place for them. Where you 
feel such information must be included put it in the Appen- 
dix and refer the reader to that section. 


Summary 


Undoubtedly, the hardest section of the report to write is 
the Summary. Here we must present our entire report in 
miniature, not in an abstract version that might be used in 
circulars by a technical library but as a valuable and com- 
plete document that stands by itself. 

The summary must answer certain questions. 
done? Why was it done? How was it done? 
result? How valuable is the result? What is the best way 
to use the result? It must do this in a smooth fashion in 
nontechnical language. It cannot be constructed simply 
by pulling unrelated key sentences out of the text and 
stringing them together. Remember that it is unlikely that 
company management is going to delve into your report any 
deeper than the Summary and the Conclusions and Recom- 
mendations. They must be able to base intelligent deci- 
sions on the information in these two sections. 

The Summary also acts as a sort of knothole for your 
fellow engineers. They cannot see the whole picture through 
the hole, but they can pretty well tell if it is of interest to 
them. This section must therefore include a brief statement 
of the reason for the project, a brief outline of the approach, 
and a brief outline of the result. It must point out the areas 
where the result improves on current concepts—better per- 
formance, greater reliability, simpler operation, etc. It must 
also show how these improvements are going to affect the 
prime cost of the product. 


What was 
What is the 


Appendixes 

A general rule is to place anything of a supplementary 
nature that will interest only a limited number of readers 
in the Appendix. Complicated mathematical derivations, 
extremely complex theoretical discussions, or actual test 
data all fall in this category. Do not clutter up the Tech- 
nical Discussion with material of this type; most people will 
either skip it or get disgusted and stop reading; just say 
where to find it and let those who wish look it up. 

Other subjects appropriately placed in the Appendix in- 
clude the bibliography, complete articles (or excerpts) by 
other writers, and any other background material needed to 
start the project. 


Illustrations 


Everyone knows, and incessantly quotes, the saying that 
“one picture is worth a thousand words.” It would be more 
correct to modify that statement so that it clearly indicates 
we mean the right picture in the right place. But it is surely 
true that proper illustrations can save time and worry, and 
the busy engineer should use them wherever justified. 

We cannot, in this paper, cover the subject of technical 
illustrating. Suffice it to say, then, that a correctly used 
illustration will perform at least one of four services. 


Tasre III. Reader interest in different sections. 


Users 

Company’ Engineering Engineering 
Section Management management personnel 
Introduction x x 
Conclusions and Recommendations x x x 
Technical Discussion x 
Summary x x x 
Appendixes x 


1. It may be necessary to impart a thorough understand. | 


ing of the text. 

2. It may eliminate long and tedious discussions. 

3. It may do a job impossible to achieve with words. 

4. It may simply make the writing task easier. 
An illustration is comparatively costly and can be justified | 
only when it serves a useful purpose. 


Sequence of Sections 


We now have a group of completed modules ready to be 
put together. We have the Introduction, Technical Discus- 
sion, Conclusions and Recommendations, Summary, and 
Appendixes. What is the logical order of sequence? It is 
surely evident that material of value to the greatest number 
of readers should be placed first, that of interest to the next 
greatest number should be second, and so forth (see Table 
III). If this also results in the progressive grouping of all 
specific information required by each group of readers, it 
would certainly indicate a correct format, even though the 
effect might sometimes appear to precede the cause. 

Reviewing the groups of readers who are interested in the 
report, and their particular requirements, there is clearly 
only one sequence that will normally provide the greatest 
convenience: (1) Summary, (2) Conclusions and Recom- 
mendations, (3) Introduction, (4) Technical Discussion, 
and (5) Appendixes. Special circumstances might alter the 
position of the Conclusions and Recommendations section; 
for example, 


after the Technical Discussion. 


Final Steps 
You have finally completed writing your report. 


You will probably be surprised how the meaning of certain 


sentences has changed completely since the time you wrote | 


them. Restore the original intelligence in these instances, 


then let someone else read it—preferably a person com-— 


pletely removed from the project whose ability and intelli- 
gence is on a par with the people you are writing for. 
Accept his comments. If he states that there are places 
where he cannot follow your reasoning do not argue about 
it. You are not going to be around to explain or argue with 
other readers. Do not worry about obscure errors in gram- 
mar if your points are clear and unmistakable. Your read- 
ers are going to be more interested in your knowledge and 


if you were writing almost exclusively for 
engineering personnel you would probably place this section” 


If you| 
have time, put it away for a couple of days, then read it.’ 
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ideas than they are in the fact that you split an infinitive 
here and there or even (horror of horrors!) dangled a few 
modifiers. 

Now is the time to call on the technical writer and illus- 
trator. Let them handle the mechanical tasks of publica- 
tion—preparing final copy, making up the Table of Con- 
tents, redrawing your rough draft illustrations, printing, 
collating, binding, etc. It would be nice if they gave your 
text a simple editing job, cleaning up grammatical errors 
and perhaps smoothing out your wording so that it is more 
easily read. However, in this case insist on seeing what is 
done; a single word inserted or deleted can change a mean- 
ing completely. And if you study how a professional writer 
changes your text you will be able to do a better job on the 
next report. 


WHY THE ENGINEER SHOULD WRITE 


In conclusion, we should see why it is important for the 
engineer himself to prepare the reports on his projects, even 
though there may be a technical writing section he can call 
on. 

First is the fact that the engineering report contains com- 
ponents of all other forms of technical literature but is 
identical to none of them. Objectivity and subjectivity 
must both be present, a popular Sunday supplement type of 
treatment is necessary in certain portions while a complete 
technical analysis must be given in others; knowledge and 
experience must both be imparted, we must instruct and 
inform and in some cases direct. Certainly the man most 
intimately associated with the project is the only one capa- 
ble of combining these components for the best possible 
report. 

Second, we are dealing not only with a concrete final 
result but also with the reasoning, the competence, and the 


planning that led to that final result. A second party can 
write only about the result, he cannot inject himself into 
the mind of the engineer. 

Finally, the communication of technical knowledge is fast 
becoming a necessity for personal recognition and profes- 
sional growth. Every organization has high supervisory 
personnel who are no more brilliant, no more capable, than 
those who work under them. They have, however, learned 
to express their thoughts and ideas. As pointed out pre- 
viously, there is only one way to acquire this ability and 
that is by actually doing it. If you are unsure of yourself 
and are content to remain in your present status indefinitely, 
let someone else write the report. If you are capable, con- 
fident, and ambitious, write your own. And you can do it! 
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ing and joined Ampex Corporation as a technical writer. He 
has written several articles on theater sound equipment and 
Videotape recording for technical and professional magazines 
and has published numerous technical brochures, manuals, and 
proposals. He is an Active member of the SMPTE. 


a 
i 


ombde i 


i 2 


i 


Ht ee 


oa 
Cy 
I % 
a 
ering ‘ e 
nnel re, | 
a 
ia a 
} Te 
, i. + 
| 3 
me | 
al ‘ 
| ey 
ee a 
; a 
a 
o be 7 
cus- . 
and a 
It is a 
nber | -P. 
next a 
able ai 
f all a 
the ee 
- 
* 
| the ‘So 
arly _ 
atest | . 
‘om- a 
sion, c 
' the a 
ion; ' = 
for a 
tion | a 
a 
a 
you! ] 
d it.) ; 
‘tain 
rote | 
ices, ] 
om- | 
relli- : 
for. 
aces bs 
bout 3 
with * 
‘am- = 
ead- i . 
and Be 
a 
7 
i. 
ch 
f 


JOURNAL OF THE AUDIO ENGINEERING SOCIETY 


Eliminating the Stereo Seat” 


JoHN MosELy 
Audio Fidelity, Inc., New York 


The aim of this paper is to give an explanation of intensity stereo techniques and to discuss 


some results that have been obtained. 


JANUARY 1960, VOLUME 8, NUMBER } 


MS STEREO SYSTEM 


E late H. Lauridsen of the Danish State Radio, in con- 
templating the possibility of compatible stereophonic 
broadcasting, realized that by taking the sum and difference 
from the signals derived from Blumlein’s original conception 
(see Appendix), one could concentrate the main sound 
source, the sum of the two channels, into the main trans- 
mitted band, and the difference, placing it into a multiplexed 
band. 

The use of “crossed-eight” microphones, however, is per- 
haps not the wisest choice, as the recordist is liable to be 
faced with too much reverberation or noise. Figure 1 shows 
a double microphone set for crossed cardioid pickup. By 
taking the sum and difference, we will have a cardioid and 
a figure eight (Fig. 2). 

The system shown in Fig. 1 will be called “XY,” and 
“MS” that shown in Fig. 2.1 Now, theoretically we could 
place such a double microphone in front of our performers 
and listen directly in the case of the XY system or through 
a sum and difference network for the MS system and hear 
a perfect sound picture without any “hole in the middle.” 

Modern requirements being as they are, demanding pres- 
ence, localization, and a vivid picture for the listener, one 
such microphone is not the answer for large groups and for 
“pop” work, where the performer tends to be close to the 
microphone. The slightest movement by the performer will 
tend to send him from one side to the other of the listener. 

For this reason, it is common practice to take monophonic 
microphones and divide their outputs between the two chan- 
nels in varying amounts to give their apparent localization. 
Unfortunately, this arrangement has one great drawback: 
the localization is pinpointed for a given position of the ob- 
server; move a few inches to one side or the other and the 
whole picture changes. Happily, this is not so with the 
double microphone due to its co-phasic sum and difference 


* Presented at the Eleventh Annual Meeting of the Audio Engineer- 
ing Society, October 5-9, 1959, New York. 

‘For a detailed explanation of this concept, refer to Dr. Boré’s 
article, translated by Mr. Temmer, Audio, p. 19 (April, 1958). 


components. One can move across the sound field provided) 


one is 1% times the distance away from the speakers re- 
ferred to the distance between them, and the instruments 
do not jump and combine any more than they would if one! 
were to walk in front of the performers. So we eliminate 
the need for a special stereo seat! 

In monophonic recording, ten or so microphones are often 
employed. If we are looking for a similar sound in stereo, 
it is reasonable to expect that we shall require a similar 
number of microphones. If we are to use double micro- 
phones as they stand, we will have problems of cancellation 
unless they are all placed in a line in front of each other, 
and it is the writer’s experience that it is not satisfactory 
merely to add their outputs together as has been suggested 
by Dr. Boré. Still, if we are to eliminate the stereo seat, 
we must use these microphones; for it is the sum and dif- 
ference signals derived therefrom that give this superior 
localization factor. 


SUM AND DIFFERENCE TECHNIQUES 


If we use the MS configuration, we must turn it into XY 
in order to monitor the stereo signal. This can be done in 
three ways. Figure 3(a) shows a method using amplifiers, 
Fig. 3(b) transformers, and Fig. 3(c) a resistance bridge. 

By utilizing an elaboration of the bridge circuit | Fig. 
3(c)], as shown in Fig. 4(a), we can alter the amount 
and phase of the S component accepted into the mixing 
network.? 

A unit to do this work is now being produced by Tele- 
funken (ELA E 130,5 see Fig. 5). Its output is, however, 
MS. To turn this back into XY we can make use of the 
transformer network | Fig. 4(b)], this being the most con- 
venient method. 

We are now free to use the double microphones, locating 
them such as we would in the old days of monophonic. 


+ For a complete explanation of the theory, the reader is referred 
to Klaus Bertram, “Aufnahmetechnik fiir kompatible stereophonie” 
in Radio Mentor, p. 592-95 (Sept., 1958). 


§ German patent number 1-010-569. 
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ELIMINATING THE STEREO SEAT 


Fic. 1. Double microphone using crossed cardioids. 


There are currently three models available: Telefunken 
types SM 2 and the newer types M 270 (see Fig. 6) and 
M 280. Within reasonable limits, we can correct slight 
errors in the control room by altering the level, width, and 
direction controls. Figure 7 shows the type of setup that 
might be used for recording a large classical orchestra, 
achieving the ultimate in presence and localization. 


Vv 


+S 
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Fic. 2. Double microphone using cardioid and eight. 


In order to understand the main differences between the 
double microphone and its single split counterpart, let us 
look at the oscillograms depicted in Fig. 8. It will be noted 
that the channels individually will give either a vertical or a 
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horizontal trace. With a single microphone join the channel 
inputs, and one will again see a straight line, this time in- 
clined at an angle between the vertical and horizontal, de- 
pending upon the channel ratio. This should of course have 
its top in the right upper quadrant and its bottom in the 
left lower quadrant, if left and right channels are connected 
as shown in these diagrams. If the opposite appears, the 


sy 


(a) (b) 


Fic. 4. (a) Elaboration of resistance bridge sum and difference 
network with width and direction controls for MS or XY input. (b) 
Transformer network for resolving left and right from sum and 
difference. 


phase has become reversed. Now look at some material 
recorded with a number of single microphones arranged to 
give a stereo effect. This will show the type of trace de- 
picted in Fig. 8(e). It will be noted that there is no phase 
relationship maintained consistently. This accounts for the 
changing picture that will be heard when moving about the 
listening room. By using the MS techniques suggested, a 
trace as shown in Fig. 8(f) will be seen. Here it will be 
noticed that although the trace is broad, it lies entirely 
within the in-phase quadrants. 

Recording engineers will do well to use a monitor oscillo- 
scope in all places where direct control over the material 
can be exercised to insure that there are no undesirable 
phase conditions present, either electrical or acoustical. 

It will be understood that MS and XY are completely 


M 
M+S 


M-S M+S 


(c) 


Fic. 3. (a) Sum and difference network using amplifiers. (b) Sum and difference network using transformers. (c) Sum and difference 
network using resistance bridge. 
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interchangeable. The choice lies in the hands of the record- 
ist. Whether one prefers to control the center and sides or 
the left and right is purely a matter of personal taste. It 
is of great interest to note that the control device ELA E 130 
(Fig. 5) may also be used to rebalance two-channel tapes 
which for some reason do not give a pleasing result. Let us 
assume that we have a tape with a soloist appearing midway 
between the left and center, and we want to place him in 
the center. Were we to raise the right channel gain we 
would indeed move our soloist, but at the same time the 
balance would be altered. By altering the direction control, 
however, we achieve our object. Conversely, a channel can 
be rebalanced without affecting the position of the instru- 
ments. 


Fic. 5. Telefunken direction and width controller ELA E 130. 


A MOVE TOWARD COMPATIBILITY 


It will be appreciated that, in addition to the elimination 
of the necessity to sit in one spot to hear a given balance, 
a tape is produced which only contains in-phase components. 
It is therefore possible to read such a tape (MS or XY) on 
a full track head without suffering any loss and without the 
need to rebalance. Surely these advantages will readily be 
appreciated in the saving of time and expense in making 
multiple operations out of what can and should be done at 
a recording session. 


EQUIPMENT CALIBRATION 


When faced with the problem of producing a large mobile 
studio installation specifically for stereophonic recording, it 
was decided that, sine qua non, every component had to be 


JOHN MOSELY 


Fic. 6. Double microphone M 270. 


readily checked, replaced, and measured. It is impossible 
to place too much emphasis upon the necessity for accurate 
alignment of all stereo recording equipment. It must of 
course be simple for the engineer to be able to detect the 
slightest irregularity and correct it instantaneously. It is 
not common practice in calibration to go to the lengths 
covered by this paper. When talking to A & R staff and 
engineers, it is immediately apparent that the type of 
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Fic. 7. Typical layout of a classical orchestra showing how ad- 
vantage may be taken of double microphones with direction and 
width control. 
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oO (—) w) eo | 
(a) (b) (c) (d) re 


c (e) (f) 
Left channel Right channel Both channels Both channels Both channels with Both channels with 
in phase out of phase random phase in-phase components 
Fic. 8. 


partnership exists that was depicted by Charles Dickens 
of Spenlow and Jorkins in David Copperfield. Both hasten 
to blame the absent party for any error! In many cases, 
had the equipment been correctly calibrated, the errors 
would not have occurred. In the use of MS two-channel 
techniques, one cannot hope to be satisfied without taking 
these steps. This is no doubt the main reason for people 
obtaining poor results with the MS system in the United 
States. As this paper is largely devoted to pointing out the 
advantages of MS, calibration will be dealt with at some 
length. 

In Fig. 9 standard gain amplifiers of 34 db +0.2 db 
were used, having a frequency response between 40 cps and 
15 kcps of +0.3 db. These, together with the attenuators 
and all vital components, were of plug-in design. In the 
central control desk (Fig. 10), a double-beam CRO, VTVM, 
and metered audio oscillator were located. There was also 
an ingenious generator giving a preset 440 A with the sound 
of an oboe. This device could be preset anywhere between 
435 and 445 cps. Once the orchestra decided its pitch, 
however, it was kept for the duration of the recording! 
Each monitor amplifier was fitted with a 1% stepped, de- 
tented potentiometer and vernier. 

Provision was also made for correcting errors in tape 
output greater than +0.1 db. This correction was effected 
by throwing the oscillator key, which produced an equal 
signal at the input of each and every track of the recorders. 
Thus errors were at once detected and immediately rectified, 
without touching the machines, by verniers in the central 
control desk. 

Another useful device was used for automatic monitoring. 
Since it was normally required to listen to tape while re- 
cording, and of course, line when the machines were not 
running, the record relay signal was utilized to change the 
monitor over to tape when the record buttons were depressed 
and back to line when stopped. Of course, this could be 
over-ridden, but it gave the engineer one less thing to re- 
member, leaving him free to concentrate upon the music 
and its mixing. 

In the studio, a rack was provided which contained micro- 
phone power supplies and preamplifiers. The amplified sig- 
nals were combined-into multicore cables at about —30 dbm, 
the crosstalk in the cables being in excess of 80 db over a (b) 
tun of 300 ft. This system proved to be a real boon, ob- Fic. 9. (a) Stereo control desk. (b) Amplifier V72. 
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viating the embarrassment of “chasing” cables that has 
humiliated many an engineer on remote recordings. 

The entire equipment weighed around 2 tons and was 
completely self-contained. Each unit had wheels and a 
carrying case. Once placed on location, not more than 15 
min elapsed between removing the covers and having all the 
interconnecting cables in place. One engineer could check 
out the equipment while a second placed the microphones in 
the studio. Within an hour recording could commence! 
This setup proved ideal for use where recordings were made 
in different locations and studio conditions were required. 


Before every session the entire equipment was checked for 
frequency response, level, and noise; the tape machines re- 
ceived similar treatment. It is of interest to note that for the 
stereo machines, in resolving azimuth, phase was checked on 
the CRO to insure minimum shift over the whole frequency 
band. It is the writer’s experience that changes of 90° are 
often to be found at the high end. By minute alterations 
of azimuth at 15 keps or above, this can often be corrected, 
or at least improved. Volume unit meters were also checked 
occasionally to insure their accuracy. 

So we had reliable tools with which to set about our task 
of recording, remembering that we would rely 100% upon 
what we heard coming from the monitors as being precisely 
what was coming from the microphones or the tape. We 
therefore felt that for stereo, two tracks were quite sufficient. 
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APPENDIX 


A few historical notes are perhaps not amiss—in the early 


Fic. 10. Central control desk with built-in test equipment. 


JOHN MOSELY 


Fic. 11. Double microphone using double eight. 


1930’s the late A. D. Blumlein! of EMI, Ltd., London, wa 
granted a patent on a two-channel record. At that time he 
was assisted by H. A. M. Clark, then a newcomer to EMI 
His system utilized two ribbon microphones mounted on 4 
common axis with their faces at right angles, each secti 
being at 45° to the performers (Fig. 11). The two micr 
phones were then fed to a special disk cutter modulati 
one channel vertically and the other horizontally. This sys 
tem, however, aroused no particular commercial interest i 
what was at that time a rather nebulous market. Blumlein’ 
original equipment and sample records, together with copies 
of the first issue of the modern commercial stereo records 
which were made in quantity by Pye in April, 1958 a 
which the author was privileged to produce, lie in t 
Science Museum, Kensington, London. It was Mr. Cla 
who, in collaboration with Dr. G. F. Dutton, tackled thé 
recent EMI program of stereophonic recording, and betw 
them they have made a substantial contribution to the art 

The English Decca Company, under the guidance @ 
Arthur Haddy, had made a research project of disk oe 
and by 1956 had perfected a system of multiplexing thé 
two channels into a single groove. This accomplishment waj 
in itself very valuable in that it taught the Decca engineer 
how to make both cutters and pickups flat up to a frequeng 
surpassing all previous achievements. 

About the same time, Arnold Sugden in Brighouse, York 
shire, who manufactures the Connoisseur products, perfected 
a vertical-lateral recording and reproducing system. 
demonstrated this system successfully on many occasions 4 
audio shows in England. A great deal of interest was sho 
in this development. Mr. Sugden hoped to persuade t 
giant companies to agree on standards and produce ster 
records. They refused to do this as they felt the time w 
not right. It was the policy of “wait,” together with t 
high cost of the reproducing equipment, that made Dec 


|| A. D. Blumlein was killed in the early part of World War I # 
an air accident. His original patent is still one of the greatest sour 
of information available to us on stereo. Among his other grea 
achievements were a dynamic cutting head, which was in use un’ 
very recently and a radar modulator which bears his name, whid} 
was of immeasurable value in the British war effort. 
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shelve its multiplexed record. They also had made vertical- 
lateral and 45/45 records, as had other European com- 
panies; but alas, Great Britain and its European colleagues 
would not release their records until the American industry, 
which is, of course, many times larger, had made up its 
mind what to do. 


SOME TRANSFER PROBLEMS 


Bearing in mind that we are bound to have some vertical 
component in our records, it is readily appreciated that if 
great dynamics, coupled with playing time comparable with 
an LP, are to be achieved, it will be necessary to take some 
steps to ensure that the cutting stylus cannot leave the 
lacquer surface when on its highest vertical peak. Also it 
should not cause the groove to be less than I mil if it is to 
be tracked by 0.7-mil styli on all machines. 

Pneumatic devices have been fitted to advance ball cut- 


' ters, which in the writer’s opinion are rather slow and cum- 
, bersome. Perhaps a better technique in heavy cutters is to 


apply varying amounts of dc to the coils operated by an 
advance head, through suitable amplifiers, etc., although 
the effectiveness of this depends upon the information sam- 
pling techniques. Yet another method is to turn the signal 
into its vertical and lateral components by a suitable sum 
and difference network, limiting the vertical and changing 


) back the signal to Left and Right to feed the cutter. Fair- 


child makes an excellent device for this purpose. A word 
of caution is not out of place here as, should one inad- 
vertently introduce too much vertical limiting, the apparent 
image will combine between the speakers and become little 
better than monaural on two speakers. 

Perhaps the most thorough solution to the problem has 
been provided by the pooling of ideas between the Danish 
companies Lyrec and Ortofon. They have produced a com- 
plete and integrated machine which offers many advantages. 
Let us, however, confine ourselves to their variable pitch 
and depth mechanism. 


The tape reproducer is fitted with two advance stereo 
heads which move by a most ingenious self-aligning mecha- 
nism governed by the combination of tape and disk speeds 
fed into the machine. Dependent upon the latter, the rele- 
vant signals are sampled, being correctly selected by relays; 
then they are fed into a computer, which compares phase, 
duration of peak, and resolves the left, right, vertical, and 
lateral components of the composite signal. The lead screw 
is driven by a servomotor, which in its dormant state is ex- 
cited to drive the cutter at the required pitch. When a signal 
of sufficient magnitude to cause overcutting is detected, 
speed will increase producing a lower pitch. A time circuit is 
incorporated to maintain this condition while the heavy 
signal is present and long enough thereafter to avoid over- 
cutting. 

The Ortofon head weighs about 6 oz. and so may be 
balanced without an advance ball. The depth is controlled 
by an electromagnetic error balancing system. Time circuits 
similar to the pitch system are used here. It should be noted 
that the output from both the advance heads and the play- 
back heads are controlled through the same master gain 
control. Thus with this machine set up correctly it is im- 
possible to overcut, and a relatively inexperienced operator 
can cut first-rate masters without being called upon to make 
any adjustment to the equipment apart from setting the 
tone at the front of the tapes to give zero level. 
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Properties of Base Materials Used for the 
Manufacture of Magnetic Recording Tape” 


EDWARD SCHMIDT 


Reeves Soundcraft Corporation, Danbury, Connecticut 


Manufacturers of base materials have recognized the importance of the magnetic recording 
industry and now manufacture variations of their standard sheeting products designed especially 
In acetate base, the manufacturer has two choices—triacetate or diacetate. 
These will be compared, and data on an experimental type of triacetate base (designed to improve 
winding characteristics at high speeds) will be given. 
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INTRODUCTION 


E user of a technical product such as motion picture 
film or magnetic recording tape is entitled to expect 
satisfactory results when he opens the box and puts the roll 
on his machine. He is not ordinarily interested in too many 
of the whys and wherefores until a problem arises. At this 
point any inquisitive person becomes very anxious to learn 
the reasons for his performance problems. This paper will 
discuss the fundamental properties of the various types of 
magnetic recording tape base, how they are made, what they 
can do, and what they cannot do. 

We all recognize that a qualified technical person, armed 
with understanding knowledge, is ordinarily able to antici- 
pate difficulties, make adjustments and/or allowances prior 
to the point of actual difficulty, and to perform this job in- 
telligently, he must have some facts to work with. 

Basically, there are two distinct forms of magnetic tape 
base in use in the American industry. A so-called “cellulose 
acetate” or acetate tape base and a Mylart or polyester 
film support. There is a fundamental difference. The poly- 
ester is a complete single entity chemical compound, while 
acetate base tape is a mixture of three chemical compounds. 

Mylar is manufactured by an extrusion system not dis- 
similar from making nylon thread for stockings, and acetate 
is manufactured by a casting system which is similar to 
painting a wall. 


ACETATE BASE 


Historically, the magnetic tape industry has its back- 
ground, in many respects, in the motion picture film busi- 
ness. Frankly, we have borrowed from the experiences and 


* Presented October 7, 1959 at the Eleventh Annual Convention of 
the Audio Engineering Society, New York. 
t Dupont trademark for its polyester film. 


sever 
essen 
procedures in the manufacture of motion picture film to/ emers 
rather wide degree in the manufacture of magnetic recordin defini 
tape. So we will go back to a period of 1946 to 1948 whe Th 
Eastman Kodak first produced commercial “Improve vents 


Safety Motion Picture Film Support.” degre 

A paper by Fordyce’ of the Eastman Kodak Company § finish 
recommended as a starting point for the development @ britth 
tape base used today. Fordyce points out that prior @quire: 
1947 the motion picture industry made use of two fils soluti 
bases. One was a nitrate film base, which was highly iq and | 
flammable but had excellent stability, strength, and wea then 
characteristics and the other was common cellulose acetai highl; 
base, used mostly in the amateur 16- and 8-mm field. Celli wheel 
lose acetate propionate was adopted to a limited degree fq blowr 
some professional 35-mm motion picture film base supporty the la 
It was less subject to embrittlement and somewhat m In 


stable through moisture changes than the older cellulog castin 
acetate. pand | 
However, neither diacetate nor cellulose acetate propig t0 be 


nate was adequate for critical professional use and it wa °ontil 
not until 1948 that Eastman began large-scale manufactw where 
of triacetate motion picture film base. film . 

The history of magnetic recording tape on a plastic ba#S!2€S- 


in the United States is almost parallel except that cellul 
acetate propionate has never been used. 

When plastic base tape was first manufactured in t 
country use was made of film which had been designed f 
the packaging industry. Properties including a considerab 
amount of shrinkage and relatively poor surface charact 
istics, which were ideal and satisfactory for packaging us 
in the window-box trade, did not mean that this prod 
was good for a magnetic recording tape base and in fa 


1 Charles R. Fordyce, J. Soc. Motion Picture Television Engrs. 
331 (1958). 
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almost all principal characteristics were exactly what one 
would not want. Nevertheless the industry had to start 
somewhere, and until it was apparent to the base manufac- 
turers that magnetic recording tape was a commercial item 
and utilized significant quantities of plastic base very little 
progress in the direction of improvement was made. 

Today, some magnetic recording tape is still in the di- 
acetate category although in the past three years there has 
been a rapid shift toward triacetate base products. 

It took almost six years to develop a satisfactory 1- and 
1.5-mil-thick triacetate base for use as a magnetic recording 
tape base even though the product is almost the same as 
the 5-mil-thick triacetate which has been universally used 
in the motion picture field since the period of 1948-49. 

The first step in the manufacture of acetate tape base is 
that of producing the basic cellulose acetate or, as it is 
often called, “acetate flake.” To put it simply, raw cellu- 
lose, such as cotton linters, is reacted with acetic acid, which 
replaces the hydroxyl groups in the cellulose molecule with 
acetyl groups from the acetic acid. This is followed by 
several refining treatments, the details of which are not 
essential to our discussion. From these treatments we 
m to) emerge with purified cellulose acetate flake of known and 
cordim definite chemical composition. 

8 whe This acetate flake is now soluble in various organic sol- 
prove vents such as acetone. A plasticizer of a type and to a 

degree necessary to impart properties of flexibility to the 
pany @ finished product is required, as acetate flake by itself is 
rent @ brittle. The choice of a plasticizer is dependent on the re- 
rior # quirements of the final properties of the sheeting. This 
vo fil solution, a three-part mixture of cellulose acetate, solvent, 
hly iq and plasticizer or “coating dope” as it is often called, is 
d weathen flowed in a wide uniform sheet or ribbon onto the 
acetas highly polished surface of a very large diameter revolving 

Cellg wheel. The surface of this wheel is enclosed and warm air 
‘ree fq blown through the enclosure evaporates the solvents from 
ipporty the layer of dope on the casting wheel surface. 

t m In something less than one complete revolution of the 
ellulos casting wheel the dope layer has lost most of its solvent 
“Fand has dried down to a firm film which is strong enough 
propig to be continuously stripped from the casting surface. The 
it wacontinuous film is then carried through drying chambers 
ifactu@ Where residual solvents are removed. Following this, the 
film is wound in large rolls for later slitting to the desired 
Hic. baw Sizes. 
ellul Three dimensional changes occur in the product during 
the casting process. First, as the dope dries down on the 
in thgcasting wheel the thickness of the dope layer is reduced 
ned f@greatly. At the point at which the layer becomes strong 
‘derabgenough to be stripped from the casting surface it is only 
aractes4bout one-fifth its original thickness. This is important to 
ing ugthe tape manufacturer in that minor variations in thickness 
prod of the wet coating dope layer are similarly reduced in the 
final product. 

Second, removal of the residual solvents in the drying 

hambers causes some shrinkage in both the length and 
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width directions. Third, pulling of the film from the casting 
surface and through the drying chambers tends to increase 
its length and narrow its width. The combination of the 
second and third effects results in the physical and dimen- 
sional properties of the film or “tape base” as we will now 
call it being somewhat different in the length and width 
directions. The degree of difference in these properties and 
their uniformity is a measure of the molecular orientation 
of the cellulose acetate molecule. 

The acetate flake used in the manufacture of ordinary 
diacetate base is not completely acetylated and contains 
36-39% acetyl radical by weight, whereas cellulose tri- 
acetate is completely acetylated and contains 44.3% acetyl. 
This difference produces effective improvement in the final 
product’s physical and aging stability characteristics. How- 
ever, the triacetate product is soluble only in a very few 
and expensive organic solvents. Fordyce’ points out that 
the selection of an intermediate chemical composition with 
a range of 42.5 to 44.0% acetyl compound results in a film 
in which the advantages of greater strength, flexibility, and 
resistance to moisture effects resulting from high acetylation 
remain while still being soluble in less exotic solvents. 

This then is one of the fundamental differences between 
triacetate and diacetate tapes. The other fundamental dif- 
ference is that a tape base with satisfactory flexibility can 
be made with cellulose triacetate using a nonfugitive plasti- 
cizer, whereas this is not true of ordinary cellulose acetate. 
This assists in greater ease of residual solvent removal dur- 
ing tape base manufacture and as will be seen later gives 
decreased age shrinkage results as well as other improve- 
ments in properties. The combination of superior basic 
film characteristics of triacetate, combined with lower plas- 
ticizer and solvent content in the finished product, results 
in a product which is superior for film for magnetic record- 
ing use. 

The properties of a magnetic tape base which are impor- 
tant to the user boil down to its dimensional stability, its 
ability to hold its size and shape, its strength and flexibility, 
and its ability to maintain uniform properties through vari- 
ous chemical and environmenta! conditions for a consider- 
able period of time. To these must be coupled the require- 
ments of extreme flatness or uniformity of gauge and the 
physical uniformity characteristics which influence the use- 
fulness of the product from a tape manufacturer’s viewpoint. 
It should be stated here that no manufacturer of magnetic 
tape makes his own base support. All current base mate- 
rials used for magnetic recording purposes are purchased 
from outside sources for the simple reason that millions of 
dollars are involved in plant equipment, technology, and 
know-how to produce satisfactory film supports. The size 
of this industry alone is many times the size of the over-all 
magnetic tape business. 

We have already stated that the fundamental base prop- 
erties which influence its usefulness as a magnetic recording 
tape base are dimensional stability, ability to maintain 
stability with minimum shrinkage and swelling due to loss 
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of pickup of moisture, and aging stability during climatic 
changes. 

Ideally, of course, one would like to reduce these effects 
to zero or near zero level. Mylar polyester film is perhaps 
a very near approach to this ideal goal, but it does cost 
more. A quick look at the performance problems which 
arise through dimensional changes in tape base are as fol- 
lows: 


1. Lateral shifting of the tracks resulting in crosstalk, 
weak or garbled signals on tracks farthest from the point of 
edge guide. This type of defect occurs with excessive width- 
wise shrinkage. 

2. Excessive width-wise shrinkage can also make the tape 
become too narrow and allow it to weave through the guides 
with resultant variable amplitude in electrical level espe- 
cially noticeable at short wavelength. 


3. Excessive swelling of the tape due to moisture pickup 
can cause a tape to buckle as it travels through the tape 
guides with resultant poor head contact. 

4. If the tape absorbs moisture at its edges at a rate 
higher than in the center, the edge becomes longer than the 
center of the tape which again upsets head contact. 

5. Poor head contact which results from cupping induced 
by excessive moisture pickup of the base. 

6. Changing in the running time of a long roll of tape as 
it absorbs and loses moisture. 

7. Aging instability and the loss of plasticizer which re- 
sults in brittleness. 

8. Permanent physical deformation of a roll of tape which 
results from excessive moisture pickup during storage in 
non-air-conditioned environment. 

9. The flammability characteristics of the tape base where 
archival uses are considered. Here triacetate and Mylar 
both are self-extinguishing where ordinary diacetate will 
support combustion. 

10. Fungus resistivity. 

11. The solvent absorption of the tape base during the 


manufacturer’s coating operation. The base with the least 
solvent absorption is most desirable. Here triacetate is bet- 
ter than diacetate, and of course Mylar is superior to both. 

The table of properties of acetate tape bases (Table I) 
gives a comparison of the differences between triacetate and 
diacetate. In each of these important counts we see that 
the triacetate material is superior and preferred to diacetate, 
although Mylar is outstandingly superior as we shall see 
in the section entitled “Mylar Base.” 


The performance advantages of triacetate over diacetate 
illustrated in Table I indicate its ability to maintain uniform 
physical properties for a longer time through a wider range 
of climatic conditions than possible with an ordinary acetate 
base tape. Differences we observe result from the already 
mentioned improved basic properties of the triacetate ester 


combined with its nonfugitive type of plasticizer and low 
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Taste I. Properties of magnetic tape base important to tape per. 


formance. 
Triacetate Diacetate 

W idth-wise shrinkage in air, % 

24 hr at 160°F 0.10 0.40 

3 months at 80°F, 60% R.H. 0.02 0.15 

6 months at 90°F, 90% R.H. +0.20 0.90 

6 months at 120°F, 20% R.H. 0.05 0.30 
Width-wise humidity coefficient of expansion 

in./in./1% R.H. change 5 X 10 12 X 10° 
Moisture content at 70°F, 50% R.H. 1.2 2.5 


Water absorption after 24 hr immersion 
Total water absorbed, % 3.2 
Solubles extracted, % 1.0 7.5 
Modulus of elasticity in tension, psi X 10° 5.5 
Tendency to embrittle at 160°F 
(as measured by MIT fold strength 
on coated tape) 


Original 214 306 
After 3 months at 90°F, 90% R.H. 253 240 
After 3 months at 160°F 201 172 | 


residual solvent concentration. Further indications of th 

facts are illustrated in the degree of solubles which is ex 
tracted in the water absorption test. The loss of plasticize 
is the principal reason for the increased tendency of di 
acetate to embrittle with age or under changing atmospheri 
conditions. It is also the explanation for the greater shrink 
age and swell of diacetate through moisture ranges. ; 


Accordingly, we have been supplying the more criti 
user, such as the broadcast industry and the governmen 
with tape coated on triacetate base for the past several years 

The change from diacetate to triacetate was made withow 
any public announcement, and it is gratifying to report tha 
the number of comments on distortion and base deteriora 
tion because of environmental problems has materially less 
ened. The increased manufacturing yields coupled wi 
longer stock shelf life for triacetate products have been ven 
noticeable in our own operations. 


MYLAR BASE 


The subject of Mylar polyester film and acetate as b 
material for magnetic recording tape has been discussed : 
number of times in meetings of the Audio Engineering 
ciety, and Mylar’s points of advantage over any acetate b 
product are well known. 

To review some of the salient factors might be of help 
Mylar, unlike the three part chemical mixture of any aceta 
base film, is a complete chemical entity and owes its physi} 
cal properties to the actual molecular structure of poly 
ethylene terephthalate, the polymer formed by the continu 
reaction between ethylene glycol and terephthalic acid. | 
is not created from a solvent system poured on to the surfai 
of a large polished revolving wheel but rather is extrud 
directly in sheeting form in much the same way that nyl 
is manufactured for thread purposes. Subsequent to i 
extrusion in a sheet, the molecules are oriented by a syste 
of stretching in lateral and longitudinal directions simul 
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neously. This produces an extremely high strength film 
with practically no directional differences in its properties. 

The exact manufacturing process has never been described 
in detail by the DuPont Company who is the sole producer 
of Mylar. 

DuPont has prepared a technical data booklet entitled 
“How Magnetic Instrumentation Tapes of Mylar Provide 
Maximum Reliability.” In it is a thorough comparison of 
the principal physical properties of a magnetic tape made 
on Mylar with magnetic tape manufactured on cellulose 
acetate. These data follow very closely the information 
presented by Ormond*. The specific advantages illustrated 
in this booklet are dimensional stability with changes in 
humidity, where Mylar is superior by a ratio of 13%:1; 
cupping and curl, 10.6:1; shock tensile, 2:1; elongation 
under load, 1.2:1; ultimate break, 1.8:1; and tear resist- 
ance, 3:1. 

Obviously, these data ignore the deterioration effects of 
acetate and are based on acetate’s performance when new. 
As acetate ages it loses tensile strength, embrittles, etc., as 
outlined in the section entitled “Acetate Base.” To the best 
of our knowledge, there has never been a sign of deteriora- 
tion on any Mylar base magnetic tape as long as Mylar has 
been used for recording tape (approximately 1952). Just 
recently we re-checked the physical properties of some 1952 
tape and were delighted to find that if anything it was 
slightly better, so far as its tensile strength is concerned, 
than the newest Mylar. No sign of any aging deterioration 
was observed, and this particular tape had been stored in a 
non-air-conditioned cabinet in Connecticut. 

The foregoing is an impressive list of advantages for 
Mylar. However, the story is not all advantage—there are 
several problems. The first of these is cost. Not only is 
the cost per pound of Mylar base higher than acetate but 
also the technical qualities which govern the yield by a tape 
manufacturer are not yet as high for Mylar as they are for 
acetate. This in-process shrinkage also contributes sig- 
nificantly to the higher cost of Mylar base tapes. This is 
especially true in the field of instrumentation tape where 
total thickness variations of the base play a critically im- 
portant role in yields. If a roll of sheeting is completely 
uniform in its thickness across the width of the web, it will 
wind up into a large roll without distortion. However, if 
there is an area in this sheeting which is slightly thicker or 
thinner than the balance, the winding tensions will be con- 
centrated on the thickest areas and lap by lap these thicker 
areas become stretched. This stretching quickly exceeds 
the elastic limit of the product and results in having a roll 
with a ridge around its periphery. When the roll is un- 
wound and the film allowed to relax, this ridge is longer 
than the rest of the width of the sheeting and while in some 
cases a uniform magnetic coating can be applied, if the roll 
is slit with one edge of the tape on the thick part of the 


2D. L. Ormond, J. Audio Eng. Soc. 6, 187 (1958). 
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ridge and the other edge of the tape on the thin part, the 
slit reel of tape will assume a curved condition. In other 
words, one edge has become permanently and irreversibly 
longer than the other. A significant proportion of instru- 
mentation tape is rejected by the tape manufacturer be- 
cause of this problem. However, great progress has been 
made in the past several years, and the current base that 
we receive is of much better quality in this respect than the 
older material was and a corresponding increase in produc- 
tion yields has been possible and has already been reflected 
in a decrease in the cost of the final coated magnetic tape 
to the consumer. While the price of Mylar has also come 
down, the biggest contribution to the lower consumer price 
has been one of increased yields. Recently, new technology 
has been uncovered which will further influence this charac- 
teristic and will result in an even flatter and more stable 
product. 

A second disadvantage of Mylar lies in the ultimate elon- 
gation of the product so that it can be stretched or necked 
out way before it tears. Under most conditions this has never 
been an actual use problem because a recording machine 
does not react to a piece of tape like a pair of man’s fists. 
However, this necking has continued to cause trouble in 
some applications, especially where editing work is involved. 


About a year ago DuPont began the manufacture of a 
tensilized version of 50-gauge (or half-mil thick) Mylar 
film. The necking out or elongation characteristics of regu- 
lar 50-gauge Mylar film of course is weaker than either 
100 or 150 gauge and there are numerous recorders which 
react like a man’s fists and stretch this product severely. 
For this reason the first efforts at tensilizing were focused 
on the very thin, extra long playing base supports. The 
standard 50T Mylar has an ultimate elongation of about 
45%, and as a result of the tensilizing process the ultimate 
tensile strength and the tensile strength at 5% elongation 
have both been increased by a factor in excess of 20% over 
standard 100-gauge Mylar. This film has been more suc- 
cessful in meeting the needs for an extra long play tape 
under conditions of severe stress. 


The tensilizing process itself is a carefully controlled 
orientation operation which is designed to produce preferred 
physical properties in the longitudinal direction of the tape. 
We have already pointed out that the standard Mylar has 
practically no directional differences, whereas in the case of 
acetate film there is always a directional difference. One 
can visualize the tensilizing process by picturing the mo- 
lecular arrangement of the polyester as being orderly in both 
north-south and east-west directions and to approximately 
the same degree. Now if we are primarily interested in the 
north-south strength characteristics and borrow from the 
film a significant amount of its east-west orientation char- 
acteristics, we can add this to our north-south and produce 
a film having a high degree of strength characteristics in 
one direction and reduced characteristics in the opposite 
direction. 
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Taste II. Comparison of film properties. 


100 
50 50 100 Acetate 
Property MylarT MylarA MylarA CA-43 
Ultimate tensile, psi 40,000 25,000 25,000 13,000 
Ultimate tensile, No./in. 24.0 12.5 25.0 13.0 
5% tensile, psi 22,000 13,000 13,000 12,000 
5% tensile, No./in. 13.2 6.5 13.0 12.0 
M.D. tensile modulus, psi 800,000 550,000 550,000 400,000 
Ultimate elongation, % 45 100 100 15 


Once again, the exact techniques employed have never 
been completely discussed. One can observe the effect of 
tensilizing when a piece of ordinary Mylar base tape is 
stretched out past its elastic point—it suddenly becomes 
exceptionally strong. If this stretching were carried to 
completion, one can suppose a base product could be manu- 
factured which would have zero residual elongation. The 
residual elongation of 50T is about 45%, and that of fresh 
acetate is in the neighborhood of 15%. Table II compares 
tensilized Mylar and acetate. 

Experimental work is continuing along the lines of pro- 
ducing high strength Mylar with exceptionally low elonga- 
tion properties. There is a strong and substantial technical 
basis for hope that a product can be manufactured which 
would combine the long-term physical stability character- 
istics of Mylar and its high ultimate tensile strength prop- 
erties with the low residual elongation characteristics of 
acetate base products. 

Once the product so described becomes a technical feasi- 
bility, we will all have the benefits of an almost perfect base 
material for use in our industry, and it is the author’s firm 
conviction that a sufficient amount of engineering know-how 
is available and working on the problem so that the very 
near future will see widespread use of a low elongation, high 
tensile polyester-type film. 
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DISCUSSION 


C. J. LeEBet (Audio Devices, Inc.): I am happy to find 
that you like triacetate; we have been using it for some 
time. However, we have also been using diacetate, and the 
two materials are really not as different as you believe. 
They behave surprisingly similarly, even if not identically, 
in the factory and the recording room. 

I regret that your figures on tensilized Mylar do not warn 
the user of its temperature sensitivity. There are cases 
where the tensilized material is probably entirely unsuitable 
—in the tropics or even in the southern United States. 


Tape cans left on a railroad platform or in a parked auto 
can get very hot in the midsummer sun. We have been 
very reluctant to advocate use of tensilized material where 
critical temperatures are exceeded. 

Epwarp Scumipt: I fail to observe the questions in Mr. 
LeBel’s comments. 

C. J. LeEBe: I was not asking questions, I was comment- 
ing adversely. 

Epwarp Scumipt: I concur that there may be a tem- 
perature dependence problem with tensilized Mylar but not 
one in which climatic conditions will be an important factor. 
The temperature of memory, or whatever you want to call 


this critical temperature point, I am certain is considerably 


above those areas in which environmental conditions will 
ever be encountered. As a matter of fact, we have demon- 
strated that it is possible to operate, actually record, and 
playback on tensilized Mylar tape at ambient temperatures 
of 175°F. So, whether or not this is going to be a severe 


stumbling block remains for the future to decide. It is my 
opinion that it will not be as bad as it sounds. 
C. J. LeBet: I am sorry that we disagree. Instead of 


playing back the material, try storing it at the same 175°F 
for only an hour, then measure the permanent shrinkage. 
You will find it over one percent for tensilized material, 
which is enough to cause curl and wrinkling. For standard 
Mylar of the same gauge, the corresponding figure is only 
a tenth as much, and there is no curl or wrinkle. Let us 
compare at 160°F, widely used in military specifications for 
the test of electronic apparatus; it simulates tropical tem- 
perature plus summer sun. Then, tensilized material will 
shrink almost one percent in an hour, while standard Mylar 
will be untouched. Different batches may differ slightly, 
but these have been typical figures. In real life, exposure 
to such temperatures may go on for days or weeks rather 
than for just an hour. Tensilized Mylar should be recom- 
mended only with great caution when elevated temperatures 
are involved. 

Epwarpb Scumipt: I appreciate your caution. However, 
if the tape manufacturer is willing to prestabilize tensilized 
Mylar at a point above the maximum operating temperature 
condition and if this prestabilization is accomplished prior 
to slitting, then the temperature shrinking characteristics 
can be reduced to that of standard Mylar A. This shrinkage 
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is almost an instantaneous reaction if the film is in a re- 
laxed state. The important factor is to exceed the maxi- 
mum operating limit by a safety factor, then indefinite 
storage at elevated temperatures will not be deleterious as 
long as the storage temperatures do not exceed the stabili- 
zation point. Further, it is entirely practical to expect that 
the manufacturers of tensilized Mylar can include this pre- 
stabilization step if the problem mentioned by Mr. LeBel is 
acute. 


C. J. LeBet: The step which you suggest is not presently 
in use by any tape manufacturer, so that my warning still 
stands. It should also be pointed out that your suggestion 
is not a universal panacea; it will not be useful at the high 
temperatures where it is most needed. At 160°F the ten- 
silized material will shrink only slightly, and the prestabili- 
zation is satisfactory; at temperatures much higher than 
this the film heated in the relaxed state (as you suggest) 
will curl, wrinkle, and be valueless for recording purposes. 
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New York Convention 1959 


Starting into its second decade, the AES Annual Convention has 
the stature of a mature presentation, giving unmistakable evidence 
that audio is a basic branch of engineering in its own right—not just 
a polite name for high fidelity. Not so many years since, the con- 
vention was the “technical part” of the Audio Fair, which has now 
been superseded by the High Fidelity Show across the street! That 
move enabled the progressive side of engineering to get on with the 
real work this side. 

This is the second year of the AES Exhibition in the New Yorker. 
Comments last year ran to the effect that the notion was overdue, 
but its inauguration had been inadequately publicized. Many read 
our announcement and did not realize the Audio Exhibition was 
different from the High Fidelity Show. Some expected the AES 
lapel card to admit them to the latter. Maybe we should parody a 
certain type of announcement, “No connection with any show on 
similar dates.” 

This year’s exhibit showed the progress that has been made in 
audio “components.” This is an industry where this word has an 
ambiguous meaning: it can refer to basic parts, such as resistors, 
capacitors, switches, and the like; or it can mean complete sub- 
assemblies such as amplifiers, equalizers, limiters, and microphones 
that build into a complete audio system. 

This year’s exhibition showed progress over last year’s in design 
and precision of professional components, using the word in both 
senses. It represented everything from artificial ears to instant audio 
for feeding into them! You don’t do that? In any event, the ex- 
hibition is proving an effective clearing house, where engineers can 
meet and inspect the latest developments by various companies spe- 
cializing in the field. 

Get any group of engineers together informally and there is no 
lack in flow of information. But attempt to organize this flow for 
maximum effectiveness in a convention with technical papers, and 
it’s like drawing teeth. This is not because of unwillingness. Engi- 
neers love both disseminating and imbibing such information. But 
organized into a convention it becomes “official,” and managements 
get into the act. Release of information has to be cleared. Only 
stuff that’s “old hat” enough to be common knowledge around the 
engineering grapevine should be released. 

In the face of this somewhat inherent difficulty, our papers com- 
mittee has done very well in getting papers, year in and year out, 
that do convey useful, up-to-date information. This year’s “catch” 
made up an interesting, well-organized program. 

Some useful documentation in the area of studio and speech input 
systems, emphasizing the need for proper integration of these facili- 
ties; some new developments in audio application of transistors, 
which seem about to make a major breakthrough at any moment 
now; and some further developments in the debatable area known 
as “music and electronics’—that was a full Monday program. ; 

Tuesday covered a variety of new concepts in measurements and 
standards, new developments in pickups, and a session called “Audio 
Applications.” Wednesday brought some more compressed “meat” 
in the form of a session on reverberation, studio and room acoustics 
and two sessions on new developments in magnetic recording. Thurs- 
day was occupied with two sessions on stereo and the banquet, while 
Friday had another miscellany of “applications,” a session on loud- 
speakers, and a symposium on techniques in the production of stereo. 

Stereo is still very much in the formative stage. There was little 
common ground between the papers in the two Thursday sessions. 
Probably the best coordinated paper was the status report on sys- 
tems proposed for radio by Chairman of Panel No. 1 (NSRC) 
Charles J. Hirsch (see p. 00, this issue). A good-natured jibe at the 
current situation was Dr. Kuttner’s presentation. 

Based on some technological inexactitudes that enabled him to 
overstate his case, he predicted an early “discovery” of a unique 


system called “monophonic.” Since stereo came into the picture, he 
commented, engineers have been using language of the kind usually 
ascribed to musicologists—“esthetical balderdash.” He expressed a 
hope that this represents common ground between what has always 
been opposite poles with possibility of ultimate conciliation! To the 
individual with some measure of Burns’ ultimate divine gift “to see 
ourselves as ithers see us” it made amusing listening. 

A home system demonstration showing definite promise was the 
Spacial Stereo, presented with RFL’s paper by Finney. This system 
uses completely transistorized equipment and subjectively engineered 
transducer arrangement. Admittedly this is for the “top end of the 


market” (priced around $3500, we understand), but we feel it is a | 


forward step. 

The banquet program was lively and interesting. Guest speaker 
was E. Power Biggs who had just recently returned from making re- 
cordings of some of the oldest pipe organs (in Europe, naturally). 
With his talk he presented excerpts to illustrate his point, which was 
that these old organs have a tonal quality and cleanness of “attack” 
quite unequaled by more modern ones, particularly those built since 
electrical operation came into vogue. While this is a reflection on the 
effect of automation on craftsmanship, the ability to demonstrate the 
comparison so effectively is a testimony to modern recording tech- 
niques—our own industry’s contribution. 

All in all, the eleventh annual saw the AES advancing well in 
shouldering its responsibility as a society of engineers engaged in 
one of the basic areas of technological progress. 

Norman H. Crownurst 
Associate Editor 


THE EMILE BERLINER AWARD 


The Emile Berliner Award for “Outstanding Development in the 
Field of Audio Engineering” was presented to Dr. John G. Frayne, 
Engineering Manager of Westrex Corporation, Hollywood, California, 
in recognition of his contributions to the development of photographic 
and magnetic motion picture sound recording devices and of feedback 
cutters for monophonic and stereophonic disk recording. 


The Emile Berliner Award was set up by the Society in 1953 in 


honor of Emile Berliner, with funds provided by the Berliner family. 
Mr. Emile Berliner was the inventor of the lateral cut phonograph 
record and the use of disks as records, as well as many other audio 
inventions. A bronze plaque is given annually. Past recipients of 
this Award have been: Henry C. Harrison (1953), Frederick V. Hunt 
(1954), William S. Bachman (1955), S. J. Begun (1956), H. E. Roys 
(1957), and Charles C. Davis (1958). 
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John G. Frayne is presently manager of development engi- 
neering at Datalab, a division of Consolidated Electrodynamics 
Corp. 
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Dr. Frayne was formerly engineering manager of Westrex 
Corp., where he held a variety of engineering and administra- 
tive posts during his 30 years with the firm. Earlier, he was 
professor of physics at Antioch College. 

He has an A.B. degree from Ripon College and a Ph.D. from 
the University of Minnesota. Both degrees are in physics and 
mathematics. 

Dr. Frayne was national president of the Society of Motion 
Picture and Television Engineers in 1955-56. He won that 
group’s Journal Award in 1941 and Progress Medal in 1947, 
and recently received the Samuel L. Warner Medal for his con- 
tributions to sound recording in the motion picture industry. 

He received an Academy Award from the Academy of Mo- 
tion Picture Arts and Sciences in 1953 for his development of 
intermodulation distortion measuring techniques. 

Dr. Frayne is a Fellow of the Audio Engineering Society and 
also belongs to Sigma Xi and Optimist International. 


THE JOHN H. POTTS MEMORIAL AWARD 


The John H. Potts Memorial Award for “Outstanding Achievement 
in the Field of Audio Engineering” was presented to Dr. Harold S. 
Black of Bell Telephone Laboratories, Princeton, New Jersey, in 
recognition of his original enunciation of the feedback principle, a 
fundamental of modern sound technology. 

The John H. Potts Memorial Award was set up in 1949 by his 
widow in John Potts’ memory. John Potts was an early pioneer in 
the development and progress of the electronic arts. He was editor 
of several leading publications, and at the time of his death was 
editor of “Audio Engineering” (now called “Audio”), which he had 
founded. The author of numerous engineering articles, he had 
worked as an engineer with RCA, GE, Westinghouse and Sperry. 
A bronze medallion is given annually. Past recipients of the John H. 
Potts Memorial Award have been: Harry F. Olson (1949), Howard A. 
Chinn (1950), Hermon H. Scott (1951), Frank L. Capps (post- 
humously, 1952), Edward W. Kellogg (1953), J. P. Maxfield (1954), 
Lee de Forest (1955), O. B. Hanson (1956), Edward C. Wente 
(1957), and Harvey S. Fletcher (1958). 


Harold S. Black was born in Leominster, Massachusetts, on 
April 14, 1898. He received the B.S. degree in electrical engi- 
neering from Worcester Polytechnic Institute in 1921, and 
joined what is now Bell Telephone Laboratories. In 1925, he 
was placed in charge of a group developing repeaters, regula- 
tors, filters, and other circuits for carrier telephone systems. 

In connection with this carrier research, Dr. Black invented 
the negative feedback amplifier, which has come into general 
use not only with carrier systems but also with radio broad- 
casting and other electronic and communication fields both 
here and abroad. This invention has been compared with 
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DeForest’s invention of the audion as one of the two inven- 
tions of broadest scope and significance in electronics and 
communications of the past 50 years. 

In 1934, Dr. Black received the AIEE prize for his paper 
on “Stabilized Feedback Amplifiers.” 

In 1940, he was honored by the National Association of 
Manufacturers as a Modern Pioneer, and in 1941, he was 
awarded the John Price Wetherill medal of the Franklin Insti- 
tute for his technical contribution to the efficiency of modern 
long distance telephony. 

From 1942 to 1947, Dr. Black was concerned almost exclu- 
sively with war developments and in 1946 was awarded a 
Certificate of Appreciation from the War Department. 

Dr. Black initiated and made important contributions to 
the early development of pulse-code-modulation and the appli- 
cation of pulse techniques to radio communication systems. 

He is the author of the book, Modulation Theory, published 
by Van Nostrand in the Bell Laboratories Series. 

Dr. Black received the Research Corporation Annual Award 
for Contribution to Science for 1952 in recognition of his in- 
vention and development of the negative feedback amplifier. 

In 1955, he was awarded the honorary degree of Doctor of 
Engineering by his alma mater, Worcester Polytechnic Insti- 
tute, and in 1957, The American Institute of Electrical Engi- 
neers presented its Lamme Gold Medal to Dr. Black. 

Dr. Black is a Fellow of the American Institute of Electrical 
Engineers, the American Association for the Advancement of 
Science, and the Institute of Radio Engineers, an Honorary 
Member of the Audio Engineering Society, and a member of 
the New York Academy of Sciences, The Franklin Institute, 
Tau Beta Pi and Sigma Xi. 

He holds 66 United States patents, as well as numerous 
patents in foreign countries, and has three additional patent 
applications pending. 


HONORARY MEMBERS 


Honorary Member: A person of outstanding repute and eminence 
in the science of Audio Engineering or any of its allied arts, may be 
elected to Honcrary Membership by the Board of Governors and 
thus become entitled to all the rights and privileges of the Society. 


Honorary Membership presented to Mr. Leonard Bernstein, and 
accepted for him by Schuyler B. Chapin of Columbia Records, in 
recognition of his inspired use of audio and visual mass communica- 
tions devices in the musical education of the American public. 
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Honorary Membership presented to Mr. E. Power Biggs, in recog- 
nition of the musical and technological scholarship implicit in his 
contributions to the art of pipe organ recording. 
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Honorary Membership presented to Mr. F. Langsford-Smith in 
recognition of the importance of his Radiotron Designer’s Handbook 
to the education of a generatoin of audio engineers. 


PRESENTATION OF AWARDS 


Dr. H. S. Black receives John H. Potts Memorial Award from Mr. 
Ross H. Snyder after an introduction of Dr. Black by Mr. McProud. 
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Dr. John Frayne receives Emile Berliner Award from Mr. Oliver 
Berliner who was intreduced by Mr. Ross H. Snyder. 


CITATIONS 


Mr. C. G. McProud acknowledges receipt of citation which was 
presented to him in recognition of the contributions of Audio maga- 
zine to the education of the audio fraternity under his editorship. 


Mr. Harvey Sampson, Jr., receives citation from Mr. Ross H. 
Snyder in recognition of his services to the Society and the profession 
it serves. 
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PRESENTATION OF FELLOWSHIPS 


Fellows: A member who has rendered conspicuous service, or is 
recognized to have made valuable contributions to the advancement 
in, or dissemination of knowledge of audio engineering, or the pro- 
motion of its application in practice, may be elected a Fellow of 
the Society. 


A Fellowship presented to John H. Beaumont, Vanguard Recording 
Society, New York City, in recognition of his contributions to the 
technology of tape duplication and to the promotion of standards 
in the audio recording art. 


A Fellowship presented to Norman H. Crowhurst, in recognition of 
the importance of his writings in the formation of a comprehensive 
audio technology. 


A Fellowship presented to Dr. Peter C. Goldmark, CBS Labora- 
tories, Stamford, Conn., in recognition of his organized researches 
into the extension of the information capacity of modern communi- 
cations devices. 


A Fellowship presented to Frank G. Lennert, Ampex Corporation, 
Redwood City, Calif., in recognition of his engineering accomplish- 
ments in the design of magnetic audio tape recorders. 


A Fellowship presented to George Lewin, Signal Corps Pictorial 


Reading left to right, top to 
bottom are: Walter O. Stanten, 
George Lewin, Walter T. Sel- 
sted, Rein Narma, John H. 
Beaumont, Peter C. Goldmark, 
Milton T. Putnam, Russell J. 
Tinkham, Norman H. Crow- 
hurst, Richard S. O’Brien, and 
Frank G. Lennert in caught-in- 
the-act poses of our new 
Fellows. 


Center in recognition of his discovery and elucidation of the infra- 
red transparency of magnetic recording oxides. 

A Fellowship presented to Rein Narma, Fairchild Recording Equip- 
ment Corp., Long Island City, N. Y., in recognition of his engineering 
accomplishments in the design of stereo moving coil disk record 
cutting devices. 

A Fellowship presented to Richard S. O’Brien, Columbia Broadcast- 
ing System, New York City, in recognition of his contributions to 
the maintenance of excellent standards of sound in the television 
transmissions of the CBS Network. 

A Fellowship presented to Milton T. Putnam, United Recording 
Corporation, Hollywood, Calif., in recognition of his achievements 
in the art of sound recording. 

A Fellowship presented to Walter T. Selsted, Ampex Corporation, 
Redwood City, Calif., in recognition of his engineering accomplish- 
ments in the design of magnetic audio tape recorders. 

A Fellowship presented to Walter O. Stanton, Pickering & Com- 
pany, Plainview, Long Island, N. Y., in recognition of his engineering 
accomplishments in the design of the magnetic phonograph repro- 
ducers, monophonic and stereophonic, which bear his name. 

A Fellowship presented to Russell J. Tinkham, Ampex Corporation, 
Redwood City, Calif., in recognition of his engineering accomplish- 
ments in the design of audio tape recorders. 
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Eleventh Annual Convention Program, October 5-9, 1959 


Monday Morning, October 5, 1959 
ANNUAL BUSINESS MEETING, INSTALLATION OF 
OFFICERS, COMMITTEE REPORTS 


STUDIO AND SPEECH INPUT SYSTEMS 
Chairman—Philip C. Erhorn 


RECORDING STUDIO AND CONTROL ROOM FACILITIES OF 
ADVANCED DESIGN 
Mirton T. Putnam, President, 

United Recording Corperation, Hellywood, California 
A decided departure from conventional control reom design, involving 
new planning layout for improved stereo monitoring, is described in 
detail. In addition the control console mixing facilities incorporate 
many unique features which provide maximum flexibility for simul- 
taneous stereophonic and monophonic recording. 


A FLEXIBLE COMBINATION 3-CHANNEL STEREO MICRO- 
PHONE AND RE-RECORDING CONSOLE 
Puiuip C. Ernorn, Vice President, 

Audiofax, Inc., Stony Brook, Long Island, New York 
Use of color-coded, illuminated pushbuttons allows instantaneous 
switching of any input to any mixing channel, even while recording. 
Individual tracks of playback may be selected and mixed with live 
pickup for track-on-track use. Any output channel may be fed to 
any other channel for submixing or 3 to 2 channel shrinking. Patch- 
ing is unnecessary in regular operation. 


A NEW CARDIOID-LINE MICROPHONE 
Rosert C. Ramsey, Chief Engineer, 

Breadcast Micrephones, Electro-Vcice, Inc., Buchanan, Michigan 
A new dynamic microphone, designed to increase the usable micro- 
phone-to-source distance, is described. Designed particularly for tele- 
vision and motion picture applications where the usable microphone 
working distance must be a maximum, the mecdel 642 has improved 
directivity and high sensitivity. The improved directivity is achieved 
by functioning as a first-order gradient microphone at bass frequencies 
and as a line microphone at high frequencies. A detailed description 
of the directional characteristics is included. 


COMPARING THE LOGARITHMIC PEAK-INDICATING VOL- 
UME METER AND THE STANDARD ASA MOVING COIL 
VOLUME INDICATOR 

Stepuen F. Temmer, President, 

Gotham Audio Development Corp., New Yerk City 

This lecture will attempt to enumerate all of the advantages and dis- 
advantages of both the U. S. standard volume meter and the elec- 
tronic peak-indicating instruments as used principally abroad, showing 
with actual demonstration conditions of program material in which 


the peak-indicating instrument will show higher as well as lower 
indications than the vu meter. 


MODULAR DESIGN TECHNIQUES APPLIED TO A MULTI- 
CHANNEL RECORDING ROOM RACK FACILITY 
Joun H. Beaumont Anp JAck A. BRYANT 

Vanguard Recording Society, Inc., New York City 
A complete multichannel patching and monitoring facility, intended 
for use in recording rooms, is described. Design and construction 
criteria are reviewed, with particular emphasis on the modular nature 
of the basic units created for this facility. Philosophical considera- 
tions basic to the functional design of professional audio facilities, as 
well as limiting factors dictated by the necessity for effective opera- 
tion by nontechnical personnel, are discussed. Construction practices 


are surveyed in detail. Performance data for the completed equip- 
ment are included. 


Monday Afternoon 
TRANSISTOR IN AUDIO CIRCUIT APPLICATIONS 
Chairman—Paul A. Grace 


A SIGNAL BIASING OUTPUT TRANSFORMERLESS TRANSIS- 
TOR POWER AMPLIFIER 
Ricuarp C. Heyser, Research Engineer, 


Jet Propulsion Lab., California Institute of Technology, Pasadena, 
California 


The usual approach to design of a power amplifier takes little, if any, 
regard of the nature of loudspeaker load. This paper presents a de- 
sign using energy storage capabilities of typical loudspeakers to 
augment a mode of operation which allows one active element to 
achieve operational efficiencies of a Class AB amplifier and yet retain 
the inherent linearity of Class A. 


TRANSISTOR ac AMPI'TFIERS WITH HIGH INPUT IMPED- 
ANCE: A SURVEY 


Joun A. Exiss, Engineer, 


Lansdale Tube Company, Division of Philco Corporation, Lans- 
dale, Pennsylvania 


Transistor ac amplifiers with high input impedance may be realized 
using a variety of techniques. Various circuits are presented and 
their level of performance indicated. The two important design cri- 
teria for these amplifiers, bias point stability and low noise figure, 
are discussed. 


PRACTICAL TRANSFORMERLESS COMPLEMENTARY- 
SYMMETRY AUDIO OUTPUT AMPLIFIERS 

W. F. Parmer, Section Head, and W. Finneavtt, Senior Applications 
Engineer, 


Sylvania Electric Preducts Co., Woburn, Massachusetts 


Complementary-symmetry offers peculiar advantages in simplifying 
the design of audio output amplifiers. Lack of suitable complemen- 
tary transistor types and of practical circuits for their use has delayed 
widespread use. The circuit combines both positive and negative 
feedback to reduce distortion and maintain power gain at a reason- 
able figure. Available low power transistors extend power output 
to the 3- to 15-w range. Distortion is sufficiently low to permit use 
in high-quality equipment if matched transistors are used, and is 
acceptable for noncritical applications without any special transistor 
requirements. Amplifier frequency response is also suitable for use 
in high-quality equipment. 


CASCADE COMPLEMENTARY AMPLIFIER 
H. C. Liw and B. H. Wuite, Applications Engineers, 
CBS Electronics, Lowell, Massachusetts 


When complementary transistor stages are connected in cascade, ad- 
vantages are freedom fro msaturation, greater over-all current gain, 
better temperature stability, improved interchangeability, lower sup- 
ply voltage, lower input impedance as compared to the Darlington 
circuit, and greater component. Actual amplifier design is described. 


TRANSISTOR NOISE AT LOW FREQUENCIES 

Hersert F. Starke and Jonn S. MaAcDovucatt 
Semiconductor Applications, Raytheon Manufacturing Co., Need- 
ham Heights, Massachusetts 


A general review or status report of transistor noise from 0.1 to 
100,000 cy. Points discussed will be wide band vs spot noise, band- 
width correction factors, spectral characteristics, minimum noise fig- 
ures, best operating points, etc. 
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Monday Evening 
MUSIC AND ELECTRONICS 
Chairman—Vladimir Ussachevsky 
THE PROBLEM OF SOUND SHAPING 
Dr. Hucw LeCarne 
Radio and Electrical Engineering D‘visicn, National Council of 
Canada, Ottawa, Canada 
Sound shaping in the broadest sense is the production of a sound 
or sequence of sounds of any conceivable character. While there is 
as yet no completely general solution to this problem, technical ad- 
vances have made possible an ever-increasing number of devices which 
provide special types of sound shaping. 
THE COMPUTER AS A MUSICAL INSTRUMENT 
Dr. Joun Pierce, Director of Research, Communication Problems, 
Bell Telephone Labcratories, Murray Hill, New Jersey 
In using a computer to produce musical sounds, flexibility must be 
limited to conserve programing and computer time. However, a great 
variety of sounds can be produced even with a very limited program. 
An experimental approach can be used in seeking suitable programing 
techniques. How far these may wisely be extended is a matter of 
speculation, but one can certainly call up musical cliches by number. 
SOME OF THE SPECIALIZED EQUIPMENT DEVELOPED IN 
ELECTRONIC MUSIC STUDIOS 
ProreEssoR VLADIMIR UssACHEVSKY 
Department of Music, Columbia University, New York City 
In all electronic music studios standard recording and mixing equip- 
ment is invariably augmented by the addition of specially developed 
sound generating and sound shaping devices. Such devices as have 
not been discussed in previous sessions on “Music and Electronics” 
are now described. 
ELECTRONIC NONMUSIC—PROBLEMS OF AN ORPHAN ART 
Lovis and Bese Barron, Recorders, 
New Yerk City 
Science has spawned a new art which is an orphan. As a means of 
esthetic communication it appears to be more related to drama or 
psychology than to music. Would the practitioner then be best 
prepared as a musician, an engineer, a psychologist, or a dramatist ? 
Tuesday Morning, October 6, 1959 
MEASUREMENTS AND STANDARDS IN AUDIO 
Chairman—Sheldon I. Wilpon 
NEW CONCEPTS IN AUDIO TESTING AND EVALUATION 
Ferix R. Bremy, Executive Director, 
American Audio Institute, Paterson, New Jersey 
A standardized 23 point amplifier test. New consumer value test 
methods. Evaluated test reports, using loaded importance factors. 
Description of new testing methods, test equipment and accuracy 
requirements. 
THE EFFECT OF ac BIAS WAVE FORM ON HARMONIC 
DISTORTION IN MAGNETIC TAPE RECORDING 
Rosert P. Scuroeper, Electromechanical R. & D. Engineer, 
American Bosch Arma Corporation, Garden City, New York 
The effect of bias wave form is studied. Square wave and rectangular 
bias are analyzed; former results in higher output and higher per- 
centage distortion, while latter increases distortion still further. Tests 
show little difference in distortion between these, but greatly in- 
creased distortion for unsymmetrical bias. 
AUDIO FREQUENCY MEASUREMENTS IN THE MISSILE AGE 
C. E. Wurte, Section Chief, Laboratory Measurements, 
AVCO R.D.A., Wilmington, Massachusetts 
The impact of the missile age upon the audio frequency measurement 
field is pronounced. Noise test requirements have accelerated develop- 
ment ef loudspeakers, test chambers, and microphones. Vibration 


testing must be incorporated into multi-environmental tests, and 
shock testing has become more complex. Developments demonstrate 
the dissolving of barriers between the measurement fields of audio, 
ultrasonic, and electromagnetic frequencies. 


A SUGGESTED METHOD FOR MEASURING TAPE MODULA- 
TION NOISE 

James J. Davinson, Engineer, Advanced Development Section, 

RCA Radio & “Victrola” Division, Camden, New Jersey 

By recording identical signals on two tracks of a stereo tape recorder, 
and canceling the signals in playback, medulation noise could (ideally) 
be measured directly. However, adequate cancellation places severe 
restrictions on the tape motion of a magnitude that has made it im- 
possible to obtain satisfactory results. A discussion of the difficulties 
and possible solutions comprises the main portion of the paper. 


FINE RESOLUTION SIMULTANEOUS PANORAMIC ANALYSIS 
Proressor Rosert I. BernsTern 

Columbia University, New York City, and 
ReInnHOLD Voce, Project Engineer, 

Federal Scientific Corporation, New Ycrk City. 


A new technique is described for fine resolution spectral analysis pos- 
sessing unique advantages in acoustic and vibration problems. The 
frequency resolution, data rate, and signal-to-noise ratio enhancement 
obtained are equal to the theoretically attainable optimum values 
permitted by linear signal processing. As an example of the technique, 
the performance of the Simoramic (simultaneous panoramic) analyzer 
is described. 


A MODERN TRANSMISSION MEASURING SET 
Wirttiam H. McDownatp, Chief Engineer, 
Waveforms, Inc., New York City 

The instrument described affords precision direct-reading measurement 
of transmission levels from plus 20 to minus 70 dbm. A self-contained 
continuously tuned generator provides a monitored signal source over 
a similar range. Instrument design considerations are discussed as 
well as application in measurement of gain, frequency response, noise 
and distortion in all types of audio circuits. 


Tuesday Afternoon 
DISK RECORDING AND REPRODUCTION (1) 


Chairman—Benjamin B. Bauer 
EFFECTS OF STYLUS SIZE AND RECORD 
TECHNIQUES ON PHONOGRAPH RECORDS 
Joun H. McConne tt, Vice President, 
Electro-Sonic Laboratories, Inc., Long Island City, New York 
The efficiency of various phonograph record cleaning techniques is 


direct'y evaluated by 250 power micro-photographs. The effect of use 
of styli ef various radii is also shown. 


THE NEW TALKING BOOK SYSTEM FOR THE BLIND 
Dr. Peter C. Gotpmark, President and Director of Research, 
CBS Laboratories, Stamford, Connecticut 

A new Talking Book system for the blind, including special 844 rpm 
7-in. records, has been developed for the Library of Congress in co- 
operation with Recording For The Blind, Inc., as a possible substi- 
tute for the present Talking Book program which utilizes 3343 rpm 
12-in. disks. The player was designed with the need of the sightless 
in mind, including a nonscratch arm that operates by applying pres- 
sure anywhere along its upper surface. Special instrumentation and 
techniques have been developed to provide maximum tone quality 
for speech with the 8% rpm disk, including a new recording charac- 
teristic and a matching ceramic pickup with a 0.3 mil radius diamond 
stylus. The records are recorded at 700 grooves per inch and provide 
2 hours of reading time per side. 


CLEANING 


A PICKUP FOR COMPATIBLE STEREO AND MONOPHONIC 
PERFORMANCE 
Rene SNepvancers, Director of Engineering 

Fairchild Recording Equipment Ccrp., Long Island City, New York 


The magnetodynamic principle was used. High output, ruggedness, 
and independent control and damping of the vertical and lateral 
vectors are obtained. 
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SINGLE ELEMENT CERAMIC STEREO PICKUP 
P. E. Sterner, R. B. Gray ano R. Luzar 
Erie Resistor Corp., Erie, Pennsylvania 
Design considerations and performance characteristics of a stereo 


cartridge for use in two channel or matrix systems. The element used 
is unique in physical configuration and operation. 


PRACTICAL ASPECTS OF HIGH-FIDELITY DISK RECORDING 
Carios E. R. A. Moura 

Sao Paulo, Brazil 
Practical aspects of the performance of the elements involved in 


mechanical recording and how to control these elements, aiming for 
the best results. 


A HIGH COMPLIANCE STEREO CARTRIDGE 
Georce Grover, Engineer, Cartridges, 

Electro-Voice, Inc., Buchanan, Michigan 
The design of a wide range, high compliance stereo phonograph pick- 
up utilizing dual ceramic generating elements is described. Emphasis 
is given to methods used to increase compliance and to provide 
proper damping to achieve the desired frequency response. Output 
from the pickup is equalized to a velocity-type response curve. Per- 
formance data are included. 

Tuesday Evening 
AUDIO APPLICATIONS (1) 
Chairman—Rein Narma 

A SURVEY OF SOME NEW TUBES FOR AUDIO OUTPUT 
APPLICATIONS 
R. E. Moe, Manager-Engineering, 

Receiving Tube Department, General Electric Co., Owensboro, 

Kentucky 
Four recently announced pentodes and two rectifiers, covering the 
range of 14- to 60-w push-pull output, are discussed. Analysis of 
operating conditions, performance and circuit design precautions. 
Discussion of safety factors on overload versus published ratings. 
INSTANT AUDIO 
Louis G. MacKenzie, President, 

MacKenzie Electronics, Inc., Inglewood, California 
New selective multichannel audio reproducers utilizing the Mac- 
Kenzie continuous-loop magazine are described. Instantaneous effects 
such as pistol shots, musical bridges, and laugh tracks can be inserted 
“on cue” at touch of a button. Auto-synthesis of complete messages 
from individual words and phrases in selective combinations provides 
automatic paging for airport and other terminal facilities, etc. 


EQUALIZED STEREO PREAMPLIFIER FOR PROFESSIONAL 
USE 
Eruinc P. Skov, Electrical Engineer, 

Fairchild Recording Equipment Ccrp., Long Island City, New Yerk 
Among other design considerations, the distortion and noise problems 


will be treated along with a discussion of optimum matching to the 
various types of stereo cartridges. 


A UNIQUE PUSH-PULL STEREO MAGNETIC PICKUP 
E. R. Mapsen (read by David Hafler, Dynaco, Inc.) 

Bang and Olufsen, Struer, Denmark 
Requirements for high quality performance of a stereophonic pickup 
and how these are met by magnetic cartridge design in which moving 
element is mu-metal cross. Basic stereophonic effect is correlated 
with channel separation and with balance and phase relationships 
between the channels. These impose requirements of precision work- 
manship as well as accurate positioning of the cartridge with respect 
to the record groove. 
THE ve METER—VICTORY OVER THE UNINFORMED 
Outver BERLINER, President, 

UltrAudio Division of Oberline, Inc., Beverly Hills, California 
More than 20 years after the advent of the vu meter, it is still widely 


misunderstood and misused. This paper traces reasons for inception 
of the vu meter, why it operates and looks the way it does, and why 
it must be connected and used only under specific conditions. Paper 
explodes the aura of uncertainty surrounding it. 


ELIMINATING THE STEREO SEAT 
Joun Mosety, Chief Engineer, 

Audio Fidelity, Inc., New York City 
The aim of this paper is to give an explanation of intensity stereo 
techniques and to demonstrate some results that have been obtained. 
It is also to show equipment developed for this purpose. 


Wednesday Morning, October 7, 1959 


REVERBERATION 
Chairman—John M. Hollywood 


REVERBERATION FACILITIES AT CBS RADIO 
Henry Korkes, Supervisor, 
CBS Radio, New York City 
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Reverberation facilities include conventional echo chambers, tape re- 
verberation devices, and steel plates. These units are terminated in 
the master control room, where they may be connected to any studio. 
Equipment in the studio control room provides a signal from any | 
group of sources to the reverberation device, in such a way that gain | 
riding during the program does not change the proportion of rever- | 
beration in the program output. 


SYNTHETIC REVERBERATION 
Harry F. Otson, Director, 

Acoustical and Electromechanical Laboratory, and 
Joun BLEAZEY 

RCA Labcratories, Princeton, New Jersey 
The reproduction of sound may be enhanced by the addition of 
artificial reverberation when the reproduced sound is below the op- 
timum value of reverberation. Reverberation consists of multiple 
reflections in which each pencil of sound suffers a decrease in intensity 
with each reflection. This may be simulated by passing the repro- 
duced sound through a series of transducers with progressive delay 
and attenuation. A synthetic reverberator has been developed with 
a loudspeaker, pipe, microphone delay unit in combination with a 
feedback system. 


ROOM ACOUSTICS AND SOUND SYSTEM DESIGN 
Davin L. KLepPer 

Bolt, Beranek and Newman, Inc., Cambridge, Massachusetts 
As a part of the over-all “room acoustics” design for large churches, 
exhibition halls, auditoriums, and music halls we found it necessary 
to design sound systems that aid rather than defeat the purposes of 
the other acoustical recommendations. Examples include the loud- 
speaker system at the United Nations General Assembly Hall, two 
“hard” churches, and the new auditorium at Dartmouth College. 


ACOUSTICS OF SOUND REPRODUCTION IN THE HOME 
Harry F. Otson, Director, 

Acoustical and Electromechanical Laboratory, RCA Laboratories, 

and 
Herbert BELAR 

RCA Labcratories, Princeton, New Jersey 
A high order of listener satisfaction, with sound reproduction from 
a home radio receiver or phonograph, requires the application of both 
art and science. The highest order of listener acceptance is obtained 
when both the artistic and scientific aspects are evolved to the maxi- 
mum degree possible within practical limits. The scientific and artistic 
fundamentals of sound reproduction in the home are developed from 
the standpoints of ideal sound reproducing systems, the acoustics of 
stereophonic sound; and the application of communication theory to 
stereophonic sound reproduction. 
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THE PISTONPHONE AS AN INSTRUMENT FOR THE 
ABSOLUTE CALIBRATION OF SENSITIVITY AND RESPONSE 
IN PRESSURE-TYPE MICROPHONES 
StepHen F. Temmenr, President, 

Gotham Audio Development Corp., New York City 
The use of a Pistonphone as a means of producing, with extreme 
accuracy, any desired sound pressure level in the 20-650 cps range 
| for purposes of calibrating pressure-type microphones will be demon- 
strated. The possibility of re-creating the same pressures at any alti- 
tude and at any given time in the future, and the resultant applica- 
tion of the Pistonphone to augment anechoic test chamber measure- 
ment procedures will be shown. 

Wednesday Afternoon 
MAGNETIC RECORDING AND REPRODUCTION (1) 
Chairman—Walter H. Erikson 

PROPERTIES OF BASE MATERIALS USED FOR THE 
MANUFACTURE OF MAGNETIC RECORDING TAPE 
Epwarp Scumipt, Vice President, 

Reeves Soundcraft Corporation, Danbury, Connecticut 
Manufacturers of base materials have recognized the importance of 


- | the magnetic recording industry and now manufacture variations of 


their standard sheeting products, designed especially for our industry. 
| In acetate base, the manufacturer has two choices—triacetate or 
| diacetate. These will be compared, and data on an experimental type 
| of triacetate base (designed to improve winding characteristics at high 
| speeds) will be given. Similar changes in the properties of Mylar 
' influence its use; an experimental version of a polyester film, which 
| has ultimate elongation of less than 15%, will be described. 


MANUFACTURE AND USE OF DOUBLE COATED TAPE FOR 
» CONTINUOUS MAGAZINES 
| Lawrence Knees, Supervisor, 

Reeves Soundcraft Corporation, Danbury, Cennecticut 
A significant new development is use of lubricated tape with a mag- 
netic layer on both sides of the base, for continuous loop operation 
in the field of pre-recorded music, advertising, and educational mate- 
rial. Extremely interesting developments in language training are 
possible through use of continuous magazines. Paper describes prepa- 


ration and properties of the product, some of ‘he problems involved 
in manufacture and criteria of successful use. 


THE USE OF 35-mm SPROCKET TYPE MAGNETIC FILM IN 
RECORDING PHONOGRAPH MASTERS 
Joun G. Frayne, Engineering Manager, and 
J. W. Starrorp, Methods Engineer, 

Westrex Corporation, Hollywood, California 
This paper discusses use of perforated 35-mm magnetic film as the 
recording medium in preparing phonograph masters; the Westrex 
35-mm System is described. Performance characteristics are given. 
: A comparison of 35-mm film versus 14 inch tape relative to flutter, 
| signal-to-noise ratio, print-through, modulation noise, and intermodu- 
} lation are given. 


EVALUATION TECHNIQUES USED IN THE MANUFACTURE 
OF MAGNETIC RECORDING TAPE 
Rosert D. Browninc, Director, 

Quality Control Division, and 
M. Barrett Suirr, Quality Control Engineer, 

Orr Industries Division of Ampex Corporation, 

Opelika, Alabama 
Describing the three main branches of quality control: acceptance, 
prevention and assurance as applied in the manufacturing of mag- 
netic recording tape. Receiving and preacceptance test, in-process 
controls, production inspection and final acceptance tests are discussed. 
THE TAPE-HEAD RELATIONSHIP IN MULTITRACK 
RECORDING 
Frazer E. Leste, Manager, 

Audio Development, Ampex Corporation, Redwood City, California 
A discussion of factors which differ between multitrack and single 


— «9s 
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track recording. These include crosstalk, frequency response, and the 
use of standard tapes. 


THE 120-1rs TAPE DUPLICATOR FOR FOUR TRACK 
COMMERCIAL STEREO TAPES 
R. A. Isperc, Senior Engineer, 

Ampex Corporation, Redwood City, California 
The Ampex S-3300B tape duplicator has been designed particularly 
for the production of 7%-ips and 334-ips four track stereo tapes. 
Master reproducer operates at either 120 or 60 ips and slaves operate 
at 60, 30, or 15 ips. This is twice as fast as previous models of 
Ampex tape duplicators. The 15-ips four track master tapes are %4 
inch wide, with AME record characteristics. Pre-emphasis circuits 
suit master to slave speed ratios of 120:60 ips, 60:30 ips, and 60:15 
ips. 


Wednesday Evening 


MAGNETIC RECORDING AND REPRODUCTION (II) 
Chairman—Walter H. Erikson 


A FULL TRACK STEREOPHONIC MAGNETIC 
RECORD-REPRODUCE HEAD 
WitiiaM S. Latuam, Head, 


Reccrding Technical Branch, USN Underwater Sound Laboratory, 
New London, Connecticut 


A method for recording two tracks of information across the full 
width of quarter inch wide magnetic tape by superimposing magnetic 
patterns with a fixed angular relationship is described together with 
the development of a special magnetic record-reproduce head assem- 
bly to accomplish this. 


FOUR TRACK RECORDING ON QUARTER INCH TAPE 
Rosert H. BopHotpt 

Tandberg of America, Inc., Pelham, New York 
Detailed description of the development of four track tape recorders. 
Pioneers of the first tape recorder to record four track stereo as well 
as four tack monaural. 


SOME NEW DATA ON FREQUENCY RESPONSE OF MAGNETIC 
RECORDERS FOR AUDIO 
Joun G. McKnicut, Manager, 
Advanced Audio Section, Ampex Corporation, Redwood City, 
California 
Data are presented on the frequency response of the record and re- 
produce processes in magnetic recording for the present day profes- 
sional heads and tape. These professional heads are shown to be 


essentially “ideal,” and all of the losses are associated with geometric 
factors in the tape. 


A NEW EQUALIZATION CHARACTERISTIC FOR 
MASTER TAPE RECORDING 
A. A. Gotpperc and Emir L. Torick 

CBS Laboratories, Stamford, Connecticut 
Although the signal-to-noise ratio of master tape recorders is good 
by present standards, a low level background noise still exists. This 
is heard as hiss, due to the characteristic of the ear. Hiss reduction is 
accomplished by a new equalization that increases the tape loading 
in the frequencies between 1000 and 15,000 cps and decreases the 
hiss by 6 db as compared with the NAB equalization. This is achieved 
at the expense of increased distortion within the hiss frequencies. 


MAGNETIC CHARACTERISTICS OF RECORDING TAPES AND 
THE MECHANISM OF THE RECORDING PROCESS 
J. G. Woopwarp and E. Detta Torre 

RCA Laboratories, Princeton, New Jersey 
Magnetic characteristics of tapes are described in terms of a 3- 
dimensional distribution function based on the characteristics of 
individual oxide particles and their interaction. It is shown that high 
frequency bias recording is completely dependent on particle inter- 
action. The distribution function offers a basis for a more complete 
understanding of magnetic recording processes. 
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Thursday Morning, October 8, 1959 


STEREO (I) 
Chairman—R. C. Moyer 


WHY STEREO? THE PHILOSOPHY OF MULTICHANNEL 
RECORDING OF MUSIC 

Joun G. McKnicut, Manager, 

Advanced Audio Section, Ampex Corporation, Redwocd City, 
California 


Why does stereo enhance the enjoyment of recorded music? We 
appreciate the ability to locate where the sound is coming from, and 
we also have the sense of being in a room, with the sound arriving 
from all directions. Both effects have long historical standing, and 
should be re-created in the home to give the effect of a live concert. 
Microphone placement is seen to depend on which effect is to be 
re-created, and to what degree. 


STATUS REPORT OF NATIONAL STEREOPHONIC RADIO 
COMMITTEE 
Cuartes J. Hirscn, Chairman of Panel No. 1 
(System Specifications) of the National Stereophonic Radio Com- 
mittee 


This paper will discuss the objectives of the National Stereophonic 
Radio Committee (NSRC), the manner in which it is organized, and 
the status of its work to date. General information will be given on 
the types of systems proposed for AM, FM, and TV stereo broad- 
casting. 


A STEREOPHONIC TRANSMISSION SYSTEM FOR 
AM BROADCASTING 
Joun M. Hottywoop and Marvin KRONENBERG 

CBS Laboratories, Stamford, Ccnnecticut 


The quadrature modulation method of AM stereo broadcasting utilizes 
normal double side-band AM transmission to convey the sum signal 
and an added pair of side-band phasors, the sum of which is in 
quadrature with the carrier phasor, to convey the difference signal. 
The system described here features processing of the (A+B) and 
(A-B) channels to insure optimum compatibility and stereophony. 


THE DESIGN AND USE OF A DOUBLE CARDIOID 
STEREOPHONIC MICROPHONE 
A. JAMROz 
Research and Development Labcratories, Northern Electric Co., 
Ltd., Belleville, Ontario, Canada 


This paper describes the design of a stereophonic microphone em- 
ploying a dynamic unit and a ribbon unit to produce a sum and 
difference output. This sum and difference output is matrixed to 
extract the left and right channel information. 


STEREOPHONIC DISPLAY PATTERNS 
BenyJAMIN B. BAver and Georce W. SIOLEs 

CBS Laboratories, Stamford, Connecticut 
By matrixing the two channels of a stereophonic signal and applying 
the sum (L +R) signal to the horizontal plates and the difference 
(L—R) signal to the vertical plates of an oscilloscope, a pattern is 
traced which portrays the stylus-tip motion in a 45-45° record. 
This is helpful in studying important relationships in stereophonic 
recording and reproduction. There will be a demonstration. 


SIGNAL MUTUALITY AND CROSSTALK IN TWO AND 
THREE TRACK THREE-CHANNEL STEREO SYSTEMS 
Pau W. Kuirescu 

Klipsch & Associates, Hope, Arkansas, and 
Rosert C. AVEDON 

Electro-Voice, Inc., Buchanan, Michigan 


A study is made of 3 channel stereo of 2 or 3 tracks in which dis- 
tinction is made between “crosstalk” or the inadvertent leakage of 
signal from one channel to the other, and “signal mutuality” which 
is the natural phenomenon in stereo that each channel properly con- 
tains some subject matter appropriate to another channel. It is shown 
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that the difference between 2 track and 3 track source material j 
quite small, that is, that crosstalk is substantially negligible compare 
to signal mutuality. 


Thursday Afternoon 


STEREO (II) 
Chairman—R. S. Moyer 


SPACIAL STEREO—THE SUBJECTIVE SYSTEM CONCEPT 14 AUP! 
STEREOPHONIC LISTENING IN THE HOME Hem 
H. R. Fiyney, Manager, CE 
Audio Products Division, Radio Frequency Labcratories, In = 
Bocnton, New Jersey on fl 


Spacial stereo represents a new approach to stereophonic listening jg) of tra 
the home—the subjective system concept. The uniqueness or pecy! Audio 
liarity of this approach allows many of the heretofore confusing . 
component considerations 1o become part of a captive network whid A VA 
assures technical compatibility of component placement, wiring, tech) SIGN. 
nical responses, speaker enclosures and matching, and other charac! Jacos 
teristics within the system. This system has been designed ané Ek 
executed through technical, psychological, physiological, and musica) 

evaluation. The results from a wide scope of technical and listening Ek 
tests have clearly indicated that the major responsibility for accu Ne 
racy in the reproduction of the original performance lies in the pro) Cypit 
gram material that is presented to the system. This all-transister Ek 
amplifier together with its associated single cabinet full stereophoni 


transducer will be demonstrated. pai 
Net we 

STEREOPHONIC PERCEPTION AS A FUNCTION OF ome 
FREQUENCY The i 
W. H. Beausien, Manager, Advance Engineering, and on 
H. B. Moore bwere | 
General Electric Co., Radio Receiver Dept., Utica, New York 'PpHOT 


Carefully controlled listening tests employing “A-B ing” equipment o_. 
unique design indicate that high fidelity stereo reproduction system! 


will require full range frequency directional information. It is intersJ. Rot 
esting to note that the change in stereo perception with frequency Ra 
if any, probably results from a quantitative degradation rather tha Gk 
an effect limited strictly to certain acoustical wavelengths. h 
es 
IS STANDARDIZATION OF STEREO RECORDING soe 
PROCEDURES POSSIBLE? hoto 
Dr. Fritz A. Kutrner, Head of Research, onnec 
Musurgia Records, New York City i 
Playback methods in the home are standardized; loudspeaker setup sally 
inflexible. A uniform quality of stereo reproduction is possible onl . 
if recording procedures are standardized to meet rigid playback comMESIC 
ditions. Is such standardization desirable and possible in view of the spond 
enormous divergence of opinion even on the basic objectives of stere, ~ 
reproduction ? A 
rojec 
A COMPATIBLE MONOPHONIC-STEREOPHONIC ritte 
PHONOGRAPH SYSTEM any 
Watter L. Wetcu, Asst. Prof. in Landscape Architecture ore | 
State University of New York College of Forestry, Syracuse he re 
University, Syracuse, New York = 


Sound recording and reproduction theory. Room resonance and the 


directionality but cannot precisely recreate an originating sound front. 
The fictional center and problems of point sound source reproductionf’ ~ ” 
A proposed new system in which stereo and depth effects are sub-f'YT 


limated to accuracy in the reproduction of the primary wave front} Pre 
desc 

THREE-SPEAKER STEREO ory p 
T. Geratp Dyar pi the 
Margolis Audio, Hartford, Connecticut ~ 


A complete analysis of theory and practice in the use of three listening 
range loudspeakers to reproduce two stereo channels, including a sur- 
vey of installation techniques, and specialized phase, sound field, and 
acoustic separation control circuits. 


= 
— oo 
_ 
EE 
_ _ 
| es es 


NEW YORK CONVENTION, 1959 67 


terial j Thursday Evening 
om pare Banquet 
Friday Morning, October 9, 1959 
AUDIO APPLICATIONS (II) 
Chairman—S. Edward Sorensen 
:PT AUDIO ISOLATION NETWORKS 
‘ Henry Korxes, Supervisor (T. O. Maint.) 
CBS Radio, New York City 
Passive networks designed to transmit signals between certain terminal 
es, Ine pairs (ports) but not between others may be termed “isolation net- 
works.” The desired isolation is obtained by providing multiple paths 
ening i of transmission, so that signals following an undesired path cancel. 


»r pecu) Audio applications of this principle are illustrated. 

er A VARIABLE TRANSMISSION NETWORK FOR AUDIO 
1g, tech) SIGNALS 
charac} Jacop KLAPPER 
red = ané 


- Electronics Research Laboratories, Columbia University, and 
listeniad Electrical Engineering Department, City College of New York, 
or accu New York City, and 


the pro} Cyrit M. Harris, 

ome Electronics Research Labcratories and Electrical Engineering De- 
_ partment, Columbia University, New York City 

Network comprises a multiplicity of contiguous filters. The crossover 
points of the responses of adjacent filters are at the 3 db down value. 
The inputs to all filters are connected together and their outputs 
terminate in an adder circuit. By providing adjustable gain for each 
filter, a variable transmission characteristic is achieved. The filters 
were chosen to be Gaussian. 


)PHOTO-SENSITIVE RESISTOR IN AN OVERLOAD-PRE- 
“VENTING ARRANGEMENT 

. Ropricues pe Miranpa, Chief Engineer, 

Radio Apparatus Development Laboratories, N. V. Philips’ 
Gloeilampenfabrieken, Eindhoven, Netherlands 

he signal from a preamplifier or tuner is supplied to the input 
erminals of the power amplifier by means of a voltage-dividing 
etwork, the element in parallel to these input terminals being a 
hoto-sensitive resistor. Facing this photo-resistor is a neon lamp 
onnected to the output of the amplifier. The value of the photo- 
esistor resistance will be reduced as soon as this voltage is reached. 
he input signal will then be decreased, making overload substan- 


T setuBBially impossible. 

ible only 

ack = )ESIGN AND DEVELOPMENT OF AN ENGINEERING REPORT 
w of t 


xE0RGE B. Goopati, Senior Technical Writer, 
Ampex Corporation, Redwood City, California 

roject engineers are called on to present an increasing number of 
ritten reports. Many of them feel that professional writing ability 
s required and have no more than a cursory interest in these impor- 
ant documents. An orderly and logical presentation of material is 
ore important than skillful writing techniques; the organization of 
he report is like a simple engineering problem. The engineer should 
riginate the reports on his project; growth in professional stature 
“ill result. 


HE APPLICATION OF STRING INSTRUMENT ARTS TO 
NCLOSURE DESIGN 
ntony DoscHexk, Vice President, Engineering, 

Pro-Plane Sound Systems, Inc., Pittsburgh, Pennsylvania 


description of loudspeaker enclosures employing a system of vibra- 
ory panels similar in function to those of typical musical instruments 
bi the “string” family is given along with a live demonstration, 
tomparing the vibratory system to a correctly designed bass-reflex 
tnclosure with similar driver. 


listening 
1g a sur- 


ield, and 


PROFESSIONAL SOUND FOR THE ADVANCED AMATEUR 
CINEMATOGRAPHER 
D. J. Wute, President, 

Magnasync Manufacturing Co., Ltd., North Hollywocd, California 
The amateur movie producer has long yearned for synchronous sound. 
The Magnasync Nomad provides an interlocked attachment, to his 
camera, which records on split-16 mm magnetic film. Weighing only 
7 pounds, the Nomad has a fully transistorized record-play ampifier 
with monitor. Selector switch connects record section to a second, 
parallel track where music and effects are added to the lip-sync sound. 


Friday Afternoon 


LOUDSPEAKERS 
Chairman—Abraham B. Cohen 


A NEW HIGH-FREQUENCY SPEAKER FOR HIGH-FIDELITY 
SYSTEMS 
Eart Matsuoka, Project Engineer, 

University Loudspeakers, Inc., White Plains, New York 
A tweeter has been designed utilizing a conventional tweeter magnetic 
system and convex phenolic diaphragm with a tapered acoustic 
coupler and novel subminiature baffle acoustic radiator system. The 
coupler increases the radiation resistance loading between 3000 and 
15,000 cps and the baffle extends the range to 20,000 cps. 


A 5¥%-OCTAVE, COMPLEMENTARY DRIVER-NETWORK 
SYSTEM FOR REPRODUCTION OF HIGH FREQUENCIES 
Wirtiam H. Tuomas, President, 

James B. Lansing Sound, Inc., Los Angeles, California 
The JBL LE30 is a direct-radiator high frequency transducer covering 
the upper half of the audio spectrum. The special integrally stiffened 
shape of the diaphragm, plus acoustically inert edge termination, 
allows the moving assembly to act as a mass-controlled piston over 
almost its entire operating range. By complementing the mass- 
controlled characteristic with a suitable electrical reactance, smooth 
response is achieved over a range greater than five octaves. The 
complementary reactance is part of the crossover network together 
with an adjustment of high frequency roll-off. 


A DIRECTIONAL LOUDSPEAKER SYSTEM FOR 
STEREOPHONIC PROJECTION 
BENJAMIN B. BaAver and Greorce W. SI0OLEs 

CBS Laboratories, Stamford, Connecticut 


Stereophonic reproduction may be obtained with closely spaced loud- 
speaker by reflection of sound from the room boundary. This necessi- 
tates the use of loudspeakers which provide directional operation 
throughout practically the whole range of audio frequency. A “figure- 
eight” polar pattern may be obtained with dipole loudspeakers. 
Cardioid and limacon patterns require the addition of acoustical 
phase-shifting networks. The design of a “projection console” using 
this theory will be described. 


Friday Evening Symposium 
Chairman—Irving Joel 
TECHNIQUES IN PRODUCTION OF STEREO TAPE 
AND DISKS 
Panel 


Joun Beaumont, Vanguard Recording Society, Inc., New York City 
Tuomas Down, Atlantic Recording Corporation, New York City 
C. Ropert Fine, Fine Recording, Inc. 

IsrazL Horowitz, Decca Records, Inc., New York City 
WILLIAM Scripps, Roulette Records, Inc., New York City 
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Letters to the Editor 


COMMENTS ON “RECENT CONE SPEAKER DEVELOPMENT” 
Ricuarp E. WERNER 
Eau Gallie, Florida 


A STARTLING observation has been made by W. T. Fiala! which 
I feel may be misleading. 

In describing the effect of an amplifier negative output impedance 
upon the performance of a loudspeaker he states, “An amplifier which 
delivers one watt into the speaker at 320 c would have to deliver 
at 30 c a voltage equivalent to 100 w power delivered into the mid- 
range impedance if it is compensated for this dropping frequency 
response.” This is very interesting in that it appears that we now 
have a means of remote control of loudspeaker efficiency. Does Mr. 
Fiala wish the reader to believe that the loudspeaker efficiency has 
been decreased by making adjustments to an amplifier without touch- 
ing the loudspeaker ? 

The falling response of a loudspeaker (coincident with the falling 
radiation resistance) when connected to an uncompensated negative 
impedance amplifier is a direct consequence of reduced output voltage 
of the amplifier at low frequencies. When the input signal to the 
amplifier is increased to the extent that its output power is equal to 
its positive output impedance competitor, the sound power output 
of the loudspeaker will also be equal. Of course, if it is desired to 
extend or increase the low-frequency output of a loudspeaker, addi- 
tional power is required; but it is immaterial what the amplifier 
output impedance is, so long as it can supply the particular power 
which the loudspeaker requires for the desired sound power output. 

A properly designed negative impedance amplifier fully compen- 
sated at low frequencies must deliver exactly the same power as a 
“normal” amplifier at frequencies down to the vicinity of the reso- 
nant frequency and it needs to deliver only that additional power at 
lower frequencies which is required to improve the output of the 
speaker to the extent desired by the design engineer. 

For a closer look at the subject of electronic loudspeaker damping, 
the writer refers Mr. Fiala and readers to any of the following articles 
on the subject: 

1. R. E. Werner, “Loudspeakers and Negative Impedances,” IRE 
Trans. on Audio AU-6, No. 4 (1958). 

2. R. E. Werner and R. M. Carrell, “Application of Negative Im- 
pedance Amplifiers to Loudspeaker Systems,” J. Audio Eng. Soc. 6, 
No. 4, 240 (1958). 

3. R. E. Werner, “Effect of a Negative Impedance Source on Loud- 
speaker Performance,” J. Acoust. Soc. Am. 29, 335 (1957). 


1W. T. Fiala, J. Audio Eng. Soc. 7, No. 3, 110 (1959). 


IN REFERENCE TO REFERENCES 


Wituiam H. Orrennavuser, Jr. 
New Canaan, Connecticut 


> 


RECOGNIZING that Volume 7, 1959, represents the seventh year of 
publication of the AES Journal, the writer recommends that more 
attention be paid to the matter of references. 

If we recognized that a paper presented in our Journal has little 
meaning unless the literature to which it refers is specifically refer- 
enced by the author, then we must conclude that papers in our past 
issues have provided many isolated bits of information unconnected 
with other material relating to their subjects. 

The Proceedings of the Institute of Radio Engineers publishes ab- 
stracts of TRE Transactions such as Audio periodically. It also pub- 
lished abstracts and references with UDC numbers as used by the 
U. S. Bureau of Standards. These abstracts are obtained from the 
Radio Research Organization of the Department of Scientific and 


Edi 
tion t 
Acade 
Society publishes a review of current publications on acoustics jg) ! 4 


Industrial Research of London. The Journal of the Acoustig 
cluding a review of acoustical patents. Additional useful data 

be found in Engineering Index, Index to Current Technical Literat The 
(Bell Telephone Laboratories), The Philips Review (Philips, Eing techni 
hoven, the Netherlands), and many others. 


must 
At this point it would seem wise to assume our obligations must 
adopt a format and practice for references and abstracts consistes, KNOW! 


with those of other and older societies. In the April, 1958, Ap) °° 


Journal, Dr. Olson’s excellent paper had no references listed at t oe 
end, yet the Journal reprint of the Stereosonic Recording and Ren res 


ducing System included fifteen well-chosen references in an Append) both 
and three pages of significant discussion. The writer strongly um) tional 
such an arrangement shown in that latter paper—similar arrangeme,_ 
will be found in the Proceedings of the Institute of Radio Enginert 
and elsewhere. 


i (a) I 
As one who has lived through many startling innovations in aué st 
engineering, the writer finds it ludicrous that an author who writ{ (b) ¢ 
for our Journal can find no pertinent references in the literatw d 
other than what he himself has written. Despite the love that eve F 
author has for his own words, the editor has a duty to show ft (c) F 
light if the author does not understand or is obtuse. , 
Editor’s Note: With Mr. Offenhbauser’s comments relative to me’ a 
extensive use of references to the literature in our Journal it shou | 
be pointed out that the quaity of the references is much more it 
portant that the quantity. Inappropriate references added to a pap. Th 
just to make it look more impressive result in a great deal of wast winte 
time, energy, and money by those enticed into investigating worl — 
less references. It is better to list no references at all than to jj ° 
every paper ever published in a particular field. The reader assum (b) , 
that the author is recommending every reference that he lists; ho ‘ 
ever, most of the papers in any complete list of references <. 
honestly be recommended. If the author has used certain papers 
the preparation of his paper he should by all means list them ‘ 
references. Also, he is urged to list additional references that ma i 
honestly recommend to his readers. Never include a reference (c) J 
you have not read, regardless of who the author may be and regam . 
less of how many other authors use it as a reference. , 
THE QUESTION OF AN AUDIO ENGINEERING DEGREE. 
E. THIENHAUS | 
Northwest Music Academy, Detmold, Germany 
REFERRING to C. J. LeBel’s answer to a student’s letter in “W 
not a Degree in Audio Engineering” |J. Audio Eng. Soc., 7, No 
249 (1959) ], the writer would like to draw attention to the enclo 
instructions about the study of Tonmeister at the Nordwestdeuts! 
Musik-Akademie in Detmold, West Germany. These courses incltl 
a combination of audio engineering with a profound musical edu 
tion, and are finished by a degree, called “Diplom-Tonmeiste 
This may be compared, perhaps, with your “Master’s Degree.” Th 
The close association of musical and audio engineering knowidl «pro, 
is characteristic of our ideas of the Tonmeister. It has been propo® Con, 
by Mr. Herbert Grossmann (NBC, New York) to translate this WW) pjey, 
literally as “Tonemaster.” This special study has been a p. 00 
Detmold in 1947. In “The American Record Guide” (October 1% port. 
you may find a report about the tonemaster education at Detmi] } 5), 
(“Musical Art vs. Technology,’ by F. A. Kuttner). Similar R.S. 
ciples for tonemaster education have been developed about 1952 Th 
Warsaw, Poland by Professor Janusz Urbanski. from 
ble tl 
68 


| 


UMBER 


AES NEWS 


Editor’s Note: We thought you might be interested in the transla- 
tion taken from the instructions of the Northwest Germany Music 
cousti® Academy in Detmold of the educational requirements and functions 
istics in of a Tonmeister. 
Hata Tonmeister Education 
ate rate The profession of Tonmeister calls for outstanding musical and 
S, Einé} technical abilities. The Tonmeister must be a first-rate musician, 
must have at his disposal a liberal education, and at the same time 
ions gy must be able to show a considerable amount of well-based technical 
onsistet. knowledge. Special technical abilities are required by all film and 
58. J ) record companies. During the education period, the continuance of 
d at musical work must be guaranteed ; broadcasting stations are especially 
interested in the continuance of musical work. Therefore only those 
d Rem should decide to be candidates for this course who obviously have 
Append) both musical and technical talents and in addition have an excep- 
gly um) tionally good ear. 


ang 
engined I. Prerequisites 


/(a) Diploma with good grades in German, music, and in natural 
in aud sciences. 


ho writ (b) One-half year practice work in audio (low-tension current) in- 

literatw dustries or in appropriate laboratory work (see “Instructions and 

hat cul Rules for Practice Training” of the Technical High School). 

show (c) Prior knowledge of the basis of higher mathematics and of audio 
(low-tension) techniques, practical manual abilities, advanced 
abilities in piano playing. Good liberal education, a good ear, 

» to mal and a versatile mentality. 

wi shoal II. Admission 

more it 


o a pal The entrance examination which is given at the beginning of the 
of wal winter session in October, requires the following knowledge and 
abilities: 


= WON (4) Mathematics—Differential calculus, integral calculus, imaginary 
an to i quantities, simple transcendental functions, infinite series. 
T assum (1) Physics—Mechanical—movement of fixed objects: energy, work, 
sts ; hoy capacity. 
s oS Optics—reflection, calculation, curvature, interference. 
papes Electricity—Charge, current, potential, direct and alternating 
them current, rheostat, inductance, capacitance, electromagnetic field, 
at he g induction. 
rence tf (c) Music—Proof of a critical ear and rapid comprehension, general 
id regay musical knowledge, audition of four piano pieces from different 
periods (among these one contemporary piece), playing by sight. 


EGREE 


69 


III. Course of Study 
The course takes at least six semesters, beginning with the winter 
semester, for details see the course of studies. During vacations fur- 
ther practical work on radio or in electroacoustical industries is re- 
quired for a total of six months. If necessary one or two earlier 
musical semesters may be used. The course ends with a diploma- 
final examination (see regulations for the conduct of an examination). 
IV. University Fees: per semester, 300 German Marks 


In Explanation of the Tonmeister Course 


It is the duty of the Tonmeister to see that live broadcasts, tape 
recordings, or records are faultless with respect to music and sound. 
On the one hand, he should discuss interpretation problems with the 
artist and is responsible for seeing that the intentions of the artist 
are realized as nearly as possible in the recording. On the other hand, 
he must test the acoustics of the room and the arrangement of the 
microphones. He must supervise the adjustment of the compensator 
and must be a critical judge of the over-all impression of the result 
of the broadcast with respect to sound. 

In comparison with the Tonmeister, the Toningenieur (audio engi- 
neer) is a technician who is concerned with problems and instruments 
having to do with sound frequency techniques (microphones, com- 
pensators, amplifiers, loudspeakers, tape recording problems, etc.). 
He also attends to the use of these instruments (building, controlling, 
and technical testing of broadcasting equipment). 

In addition to radio, television, and the record industry, the Ton- 
meister has opportunities to work with film companies, and he has 
recently become active in the theater as acoustical advisor for stage 
techniques. In the movie industry, good technical knowledge is 
highly valued (particularly physics or electrotechnical studies). 

The course of studies for the training of a Tonmeister at the North- 
west German Music Academy is basically built on the teachings of 
Aristotle: the whole is greater than the sum of its parts. The reason 
that courses in music and technology are given simultaneously is that 
mutual problems are brought out and can be solved together, thus 
following Aristotle’s principle. 

Because of this, the beginning Tonmeister is already made aware in 
his studies of his important function as interpreter between the artistic 
and technical fields. An essential prerequisite for this function is an 
extremely well-trained ear with the ultimate goal of lifting the lis- 
tening process out of the realm of the subjective onto the level of 
the objective. Because the course of study has a broader basis, it 
is possible for the Tonmeister, after a number of years in actual 
work, to transfer to corresponding production divisions. 


_— AES News 
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‘stdeu 

ses inclu AES CONVENTION PAPER BROADCAST 

cal edui IN CALIFORNIA 

ynmeistel 

ree.” The Audio Engineering Society was well represented on FM 
ine KPFA (94.1 mc) and KPFB (89.3 mc) which broadcast 


“Progress Report of Panel 1 of the National Stereophonic Radio 
Committee,” a paper presented by Charles J. Hirsch at the Society’s 
Eleventh Annual Convention. Mr. Hirsch’s paper, which appears on 
p. 000 of this issue, was given on a program called “Equipment Re- 
ober 19) port.” This program is a regularly scheduled monthly series of half- 
t Det™} hour broadcasts given by high-fidelity specialist and AES member 
nilar m4 R. S. MacCollister. 

ut 197) The broadcast, which originated in the San Francisco area, was 
from 4:40 to 5:15 p. m. Saturday, November 21. It was made possi- 
ble through the efforts of several members of the Society, particularly 


n prope 
this we 
“ee 


those of Irv Joel of Capitol Records who was responsible for re- 
cording the entire proceedings at the convention. 

“Equipment Report” usually consists of technical evaluation of 
commercial high-fidelity equipment. After reading a report of Mr. 
Hirsch’s paper, Mr. MacCollister requested a dubbing from the con- 
vention record. 

It was extraordinary for an FM station specializing in “good 
music” to devote 35 uninterrupted minutes to broadcasting a highly 
technical paper verbatim from an annual convention of engineers. 
This was possible, however, because station KPFA is noncommercial 
and accepts no advertising. Moreover, it is supported entirely by 
listeners and therefore has no obligations to advertisers. AES mem- 
bers in the San Francisco area will be interested in listening to Mr. 
MacCollister’s program, “Equipment Report,” presented on the third 
Saturday of each month. 
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AES FELLOW C. C. DAVIS JOINS STANCIL-HOFFMAN 
CORPORATION 


The Stancil-Hoffman Corporation of Hollywood, manufacturers of 
magnetic recording systems, has announced the addition of Mr. C. C. 
Davis to its engineering staff. 

Mr. Davis, formerly employed by Westrex and Western Electric 
Company, was responsible for the development of many of their re- 
cording equipment designs. His most recent invention and one of 
tremendous impact in the recording field was the 45/45 stereo cutter 
that has made possible the stereophonic disk. He is also recognized 
for the design of the “Davis” mechanical filter system used in most 
modern film recorders. While the filter design is applicable both to 
optical and magnetic recorder transports, it has proved particularly 
beneficial in magnetic recorders because of the resultant low flutter 
rate possible despite the friction of the heads. 


C. C. Davis 


Two other developments included among his 15 U. S. patents are 
the reduction of crosstalk in multitrack heads and balanced magnetic 
shields for hum reduction. A Fellow of both the SMPTE and the 
Audio Engineering Society, Mr. Davis has also received many engi- 
neering honors. 

Mr. Davis will be responsible for electromechanical designs of the 
company’s magnetic film recorders, subminiature recorders, and special 
high resolution magnetic heads. 


AES SECTION NEWSLETTER NO. 3 


To: AES Sections and Board of Governors 
From: Donald J. Plunkett, AES President 
Date: September 15, 1959 


It has been a busy spring and summer for the Los Angeles Section 
who have had meetings in all fields. “Audio in the DC 8” was pre- 
sented by Dr. Theodore J. Schmidt of the Douglas Aircraft Co. and in 
the same gathering a talk on “Audio Equipment Styling from the Out- 
side” by Herbert Kornfield was also presented. Another meeting was 
F devoted to “The Use of Transistors in Stereophonic Studio Recording 
{ Equipment.” “Bill” Putnam, chief engineer of United Recording 
Corp., Hollywood, California, presented his views on “Architectural 
} and Electronic Design Considerations.” The meeting was held in 
q the new United Studios in Hollywood. In July, Mr. Walter Larkin 
‘ of the Jet Propulsion Labs of CALTECH told the meeting of “The 
Goldstone Tracking Installation of Jet Propulsion Labs.” 
North of L.A. a highlight of the San Francisco Section late 
Spring meetings was a joint meeting with SMPTE at the Planetarium 
in Golden Gate Park, which included the normal Planetarium feature 
—Vortex, plus a description of planetarium planning. 
The Pittsburgh Section had an ambitious spring series of meetings 
including a talk by H. Ebert and Dr. Julian Williams on pipe organ 
design and construction, including a trip through a large pipe organ. 


AES NEWS 


Also presented in the past months have been iectures on stereo multi. 
plex, hi-fi merchandising, and a unique open house recording session 


The newly formed Southern Tier (N.Y.) Section presented talk 
on Audio Amplifier Design Problems by Mr. George Grenier oj 
General Electric Company and also conducted a comparative listening 
test of stereo cartridges. The neighbor of the Southern Tier, th 
Central New York Section, presented to its membership a recorded 
talk from the 1958 Convention—*“The Stereo Listener’s Needs.” Thi 
was one of the six tapes offered to all Sections earlier this year. Th 
meeting reaction was good. 


Student chapters at Indiana Technical College and Rensselaer 
Polytechnic Institute have also been active. 


The New York Section Meetings were also worthwhile during the 
past year, including “Monophonic and Stereophonic Studio Design 
and Construction” by Harold Dreeben and Robert Liftin, “Unusual 
Stereophonic Studio and Disk Techniques in Europe” by Stephen 
Temmer, a description and demonstration of the “Four Track and 
Magnetic Tape Cartridge System” by Dallas Andrews of RCA, and 
“Magnetic Tape and Its Relationship to Audio Recorders” by John 
Leslie of Orr Industries. The Section Program Committee arranged 
a visit to the Bell Telephone Labs in Murray Hill, N. J. in September 
which included in inspection of the famous Anechoic Chamber at 
the Labs. 


This is my third and last brief newsletter to you. At the October 
convention, Harry Bryant will assume the presidency of our expand- 
ing Society. The Convention that he has planned for us this year 
is outstanding. Again this year we have more papers than at any 
other convention. There will be three sessions a day, morning, 
afternoon and evening, to accommodate as many authors as possible. 
And they are all outstanding papers. I am confident that Mr. Bryant 
will carry on the work of improving communications between the 
national organization and our sections. These three newsletters have 
only touched the surface of the problem of section communications. 
I know improvements will come. 

Please remember that our national organization and the Board of 
Governors want to know about and are interested in your activities. 
So keep the monthly meetings going and improving, and as the 
seasoned bureaucrat would say, “Keep those reports going.” We 
honestly want to help you expand your section, so please write the 
Sections Chairman about any ideas or problems you may have with 
section activities. The chairman will then keep us informed. 

Thank you once again for your efforts during the past year. 

Donatp J. PLUNKETT, 
President 


CALLING ALL SECTIONS 


Editor’s Note: It will take a few more issues before section reports 
will appear in more detail—our plea in the October journal. And 
let me emphasize once again experiences, good or bad, gained by one 
section cannot help but be useful to other sections. So do let us have 
not long, but real honest reports. 


Section, Date and Place 
Los Angeles, California 
July 28, Roger Young 
Auditorium 


Program 

“The Goldstone Tracking Installation of 
JPL” by Walter Larkin, Jet Propulsion 
Laboratory, California Institute of Tech- 
nology. Membership interest was double- 
checked “good” on the report and forty- 
five people attended. The business meeting 
was lively including excerpts reported from 
a recent Board Meeting in New York, 
change of Journal publishing policy, pitch 
for East Coast convention papers by Harry 
Bryant, and discussion of topics for fall 
meeting. 
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Los Angeles, California 
August 25, Roger Young 
Auditorium 


Indiana Technical College 
September 16, On Campus 


Pittsburgh, Pennsylvania 
October 14 

Joseph Horne 

Music Center 
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“The KTLA ‘Telecepter,’ Its Design, the 
Installation, the Associated Equipment” by 
John Silva, chief engineer, KTLA. 
“Universal Audio Program Amplifiers, 
Pre-amps, Equalizers, Consoles, and Simi- 
lar Custom Studio Equipment” by Larry 
Kissner, chief engineer, Universal Audio 
Corp. 

Fifty people attended and membership in- 
terest was said to be good. The business 
meeting included a progress report by 
Harry Bryant on the New York Conven- 
tion and allowed that only squeezing room 
was left in any session of the program and 
brought the glad tidings that the AES 
Journal was now up to date and going out 
on time. Frank Pontius gave a Governor's 
Board Meeting report and asked for ideas 
and help on the forthcoming West Coast 
Convention. 


Business meeting was held and David LeC. 
Babcock was elected secretary. The sec- 
tion’s project for the coming ITC Science 
Fair was discussed. 


Business meeting was held and the follow- 
ing officers were elected: Chairman: Fred 
Zellner, Chief Engr., Radio KQV, Pgh; 
Vice-Chairman: David Tyrnauer, Joseph 
Horne Music Center; Secretary: Emerson 
Boardman, Metropolitan Electronic Dist., 
Inc.; Treasurer: Victor W. Bihlman. 

The following resolution was suggested by 
the Pittsburgh Section: That the National 
Board of Governors discuss the possibility 
of amending the Constitution so as to per- 
mit Associate Grade members to serve as 
Chairman and/or Vice-Chairman in Sec- 
tions whose number of Full Members or 
Members of Higher Grades is extremely 
small, and whose body is comprised pre- 
dominantly of associates. It is felt that 
such an amendment would aid a national 
membership drive. 


AES MEMBERS CONTRIBUTE TO SMPTE LECTURES 
ON MAGNETIC RECORDING 


In October and November the East Coast Committee for Education 
of Sound Technicians of the Society of Motion Picture and Tele- 
vision Engineers presented a series of eight two and a half hour 


lectures on magnetic recordings. 


Of the eight lectures, we are de- 


lighted to report that five were given by AES members on the fol- 
lowing aspects of magnetic recording: 

John G. Frayne, AES fellow, Standards 

W. Earl Stewart, AES central vice president, The Magnetic 


Recording Process. 


C. J. LeBel, AES secretary, The Recording Medium. 
Frank Comerci, assistant editor AES Journal, Magnetic Repro- 


ducing Process. 


Walter H. Erikson, editor-in-chief AES Journal, Distortion and 
Methods of Measurement and Their Significance. 


Edward Schmidt, assistant editor AES Journal, New Develop- 


ments. 


MEMBERSHIP INFORMATION 
(September, October 1959) 


Members 


Alestra, R. J—Mountain Lakes, New Jersey 
Anderson, Norman J.—Boonton, New Jersey 
Aye, Thomas L.—Roslyn, New York 
Berkman, Roy S.—La Puente, California 
Biele, R. James—Skaneateles, New York 
Brunsting, Allen W.—Wyoming, Michigan 
Clapper, Allen B.—Chicago, Illinois 
Coppinger, Mason B.—Chicago, Illinois 

Cross, William Burnett—Hartsdale, New York 
Crump, Elmo E.—West Caldwell, New Jersey 
Csicsatka, Antal—Utica, New York 

Curry, John C.—Santa Clara, California 
Darmstaedter, Eric—Pelham, New York 
Daugherty, Charles H.—Cleveland, Tennessee 
de Gar Kulka, Leo—Hollywood, California 
Dodgson, John G.—Hyattsville, Maryland 
Duffy, Bernard A.—Long Beach, California 
Dupree, James E.—Alexandria, Virginia 
Findling, Sam—New York, New York 

Green, James W.—North Hollywood, California 
Hassan, Jr., A. H—Jamaica, B. W. I. 
Hinners, Frank A.—Rockville Centre, New York 
Hirshberg, Eugene M.—Waban, Massachusetts 
Jannone, Louis R.—Brooklyn, New York 
Johnson, Harold A.—Park Ridge, Illinois 
Katella, Albert—Riverside, New Jersey 
Kingman, John P.—Falls Church, Virginia 
Knight, C. Donald—Lake Zurich, Illinois 
Kramer, Andreas—Stamford, Connecticut 
Lessley, Ted D.—Fullerton, California 

Lewis, John R.—White Plains, New York 
Lovick, Robert C_—Rochester, New York 
Mack, Robert J.—Bronxville, New York 
Maerkle, George P.—Vestal, New York 
Manly, William A.—Auburn, Alabama 
Marsella, Alexander L.—Lincroft, New Jersey 
Mehl, Donald E.—Mission, Kansas 

Moe, Robert E——Owensboro, Kentucky 
Moore, Harwood B.—Sauquoit, New York 
Moorehouse, Emmett S.—Memphis, Tennessee 
Papel, Barney—Arcadia, California 

Peterson, Gordon E.—Ann Arbor, Michigan 
Pritchard, Peter E.—Skaneateles, New York 
Robinson, Alden W.—Bedford, Massachusetts 
Robinson, Richard A—Vancouver, B. C., Canada 
Rossner, Alexander—Forest Hills, New York 
Schjonneberg, Knut—Utica, New York 


Schlemm, Jr., Norman H.—Stony Brook, New York 


Shaw, Joyce F.—Bountiful, Utah 
Shirai, Ken—Brooklyn, New York 
Snepvangers, Rene—Croton-on-Hudson, New York 
Spahr, Jr., Robert H—Poughkeepsie, New York 
Stutz, William H.—North Hollywood, California 
Todd, B. Joe—Arlington, California 

Towler, Fred R.—East Norwich, New York 
Turner, Neal W.—Benton Harbor, Michigan 

Van Cleave, Nathan—Studio City, California 

Van Devanter, Peter B.—Pleasantville, New York 
Vescuso, Guido—Highland Park, New Jersey 
Ward, Robert E.—Easton, Pennsylvania 

White, D. J—North Hollywood, California 
Yeaple, Ronald N.—Rochester, New York 
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Associate Members 


Allison, Roy F.—Cambridge, Massachusetts 
Bryant, Jack A—White Plains, New York 
Clark, Gordon L.—New York, New York 
Cooke, Edwin D.—Los Angeles, California 
Crawford, David L.—Studio City, California 
Filon, Jean Henri—Johnson City, New York 
Finnegan, Bernard J.—Los Angeles, California 
Himann, Charles—St. Catharines, Ontario, Canada 
Howe, Marshall D.—Pittsfield, Massachusetts 
Kelley, Marvin—Binghamton, New York 
Large, William M.—West Orange, New Jersey 
Levereault, Leo A—Ann Arbor, Michigan 
Martin, Albert R—Potsdam, New York 
Megquier, Barry—Roslindale, Massachusetts 
Monteiro, Antonio—Vallejo, California 

Moritz, M.—Neptune, New Jersey 

Nafzger, Lester H—Columbus, Ohio 

Nelson, Revelle C_—Monterey Park, California 
Radtke, John F.—Chicago, Illinois 

Sandler, Zachary—Wyckoff, New Jersey 
Schnapf, Nathan—Levittown, New York 
Scribner, Carl E—North Hollywood, California 
Smith, F. A—vVancouver, B. C., Canada 
Somerville, Gerald V.—Cleveland, Tennessee 


Spanos, Tasso G.—Braddock, Pennsylvania 
Steele, Ronald A.—Chicago, Illinois 
Steigman, Paul—New York, New York 
Stern, Ernest L—New York, New York 
Stevenson, Jr., Louis A—Paris, France 
Webster, Garlan J —Kokomo, Indiana 


Students 


Blair, James N.—Potsdam, New York 
Caricari, Carl A—Kingston, New York 
Faibisch, Irwin J.—Potsdam, New York 
Honigman, David—Bronx, New York 
Igelsrud, Douglas—Miami, Florida 

Jones, Douglass E—Potsdam, New York 
Jordan, Robert Merle—Potsdam, New York 
Kleen, Bergert G—Callicoon, New York 
Lynch, Thomas B.—Syracuse, New York 
Morelli, Andrew N.—Potsdam, New York 
Perry, Robert H.—Sidney, New York 
Pond, Jr., Lauren L.—Potsdam, New York 
Rollins, Robert A—Schenectady, New York 
Shelmidine, Jr., Hollis C—Potsdam, New York 
Shepard, Seth A.—Berkeley, California 
Silsbee, David L.—Potsdam, New York 
Zazzali, George P_—Newark, New Jersey 


Current Publications on Audio 


Book Reviews 


We would like very much to increase the number of book reviews 
carried in the Journal. To do this we need the help of volunteer 
book reviewers. 

You, as members, through your work undoubtedly have had 
occasion to read books which would interest others and we would 
appreciate knowing how you feel about some of these. For example, 
a few that come to mind which have been published in the last year 
or so and which we would like reviewed are: 

Acoustical Engineering—Olson—D. Van Nostrand Co., 1957 

Magnetic Tape Recording—Spratt—The Macmillan Co., 1958 

Magnetic Recording Techniques—Steward—McGraw-Hill Book 
Co., 1958 

Fundamentals of Transistors—Knugman—John F. Rider Publish- 
ing, Inc., 1958 

High Fidelity: A Bibliography of Sound Reproduction—Spencer 
—lIota Services Ltd., London, 1958 

Transistor A. F. Amplifiers—Jones & Hilbourne—Philosophical 
Library, 1957 

The number of books reviewed in the Journal in the last six years 
is positively pathetic. And if it had not been for Vincent Salmon 
and a few other stalwart members we would not have even had these. 
So please help us out and send in a review. If you would like to 
know what the few books are we have reviewed, we would be very 
happy to send you the list. We are honestly embarrassed to publish 
it, it is so short. 


High Quality Sound Reproduction 


James Morr. The Macmillan Company, New York, 1958; 591 pages, 
306 illustrations. Price: $14.00. 

This book is written for the informed hobbyist as well as the pro- 
fessional audio engineer. To this reviewer it offers a useful balance 
of analysis as well as qualitative discussion. The chapters on micro- 
phones, reproduction from gramophone records, magnetic recording, 


electronic devices, and loudspeakers are particularly well treated. The 
many constructional drawings of electroacoustic instruments and their 
performance graphs provide useful comparison information not usu- 
ally found in collected form. 

Of particular interest to the advanced hobbyist will be the chapter 
on realistic performance specifications. Data are presented both on 
goals as well as on what is realizable and acceptable. The professional 
engineer will find useful the appendices to several chapters, in which 
some advanced points (as cathode follower performance) are detailed. 
The many references to the original data permit any topic to be pur- 
sued to greater depth. 

The style is simple, without talking down to the reader. About the 
only eyebrow-raising bits of information are in the transient loud- 
speaker response curves of Figs. 10.11 and 16.11, which may still be 
correct for extremely intense current pulses. All in all, however, this 
book can be unreservedly recommended for those who need and ap- 
preciate straightforward, well-presented information. 

Vincent SALMON 
Stanford Research Institute 


Electronic Engineer’s Reference Book 


L. E. C. Hucues, General Editor. The Macmillan Company, New 
York, 1958; 1311 pages, numerous illustrations and tables. Price: 
$18.00. 

This distinctly British work, the product of some 51 contributors, 
covers an amazing variety of topics in a rather nonmathematical 
fashion. The format is somewhat unusual, making it necessary to 
refer to the table of contents or the index to locate even general 
information. Of interest to audio engineers are good articles on 
electronic noise, transformers, characteristics and basing diagrams for 
European valves, transistors, magnetic circuit design, noise measure- 
ment, PA system design, use of the Haas (or precedence) effect, musi- 
cal scales, and a unique method of filter design. The information on 
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CURRENT PUBLICATIONS ON AUDIO 


piezoelectricity, magnetic recording, and valve circuit theory is too 
incomplete for the audio engineer. Useful features of the handbook 
include notes on electronic aspects of the elements, cathode-ray oscil- 
loscope circuits, properties of Ferroxcube, and hysteresis motors. 
There are many references to the periodical literature. Many specific 
instruments are described, with information supplied by the manu- 
facturer. This book is recommended to the audio engineer who may 
wish a relatively nonquantitative acquaintance with all branches of 
electronics. 

Vincent SALMON 

Stanford Research Institute 


ABSTRACTS OF AUDIO ENGINEERING LITERATURE 


We have felt for a long time that the Journal needed a section in 
which we could publish abstracts of papers of audio engineering 
significance. This first group, starting with identification No. 800, 
represents just a modest beginning to the sort of section we hope to 
bring you in future issues. The abstracts in this issue are limited, 
with two exceptions, to material from professional journals. 

Abstracts of foreign papers, government reports, patents, and chap- 
ters from books will appear in subsequent issues. Your comments, 
criticisms, and suggestions as to what you would like to see in this 
section will be very much appreciated. 

Audio 
800 Vol. 42 April, 1958 p. 19 

“*M-S’ Stereophony and Compatibility” by Gerhart Bore, George 

Neumann Laboratories, Berlin, Germany; Stephen F. Temmer, 

Gotham Audio Development Corp., New York. The various 

features of the MS stereo system are discussed. In contrast to the 

separated microphones of conventional stereo the MS system em- 
ploys a double microphone with two closely adjacent diaphragm 
units each with a different directivity. 

801 Vol. 42 October, 1958 p. 38 

“New High-Frequency Speaker” by Edgar M. Villchur, Acoustic 

Research, Inc., Cambridge, Mass. Comprehensive performance 

data are given on the tweeter system of the AR-3 speaker. 
802 Vol. 43 April, 1959 p. 22 

“Choice of a Crossover Frequency” by James Moir, Goodmans 

Industries Ltd., England. The author discusses the many factors 

influencing the choice of crossover frequencies in two- or three-way 

speaker systems for various applications. 
IRE Transactions on Audio 
803 Vol. AU-7 May-June, 1959 p. 47 

“Absolute Amplitudes and Spectra of Certain Musical Instruments 

and Orchestras” by Sivian, Dunn, and White, Bell Telephone Labs. 

This paper, originally published in J. Acoust. Soc. Am., Jan., 1931, 

and a classic in the audio engineering literature, has recently been 

revised by one of the original authors to make these data on sound 
pressure and spectrum analysis of musical sounds easier to inter- 
pret. 

Journal of the Acoustical Society of America 

804 Vol. 31 February, 1959 p. 133 

“Detecting Sound Fields” by C. Bordone Sacerdote, Istituto Elet- 

trotechnico Nazionale, “Galileo Ferraris,” Turin, Italy. This paper 

describes a modification of the AVC free-field acoustic measure- 
ment technique [J. Audio Eng. Soc. 4, 110 (1956)] wherein the 
controlled loudspeaker signal is recorded on magnetic tape. This 
provides for a constant pressure versus frequency characteristic at 
a point without the presence of the standard microphone. 
805 Vol. 31 July, 1959 p. 882 

“Acoustics of the Frederic R. Mann Concert Hall, Tel Aviv, Israel” 

by Leo L. Beranek, Bolt, Beranek, and Newman, Inc., Cambridge, 

Mass. In addition to detailed information on the design and per- 

formance of this new concert hall, this paper includes on page 883 

a table showing the reverberation times of several of the most 

important concért halls of the world. 

Journal of the Society of Motion Picture and Television Engineers 
806 Vol. 67 October, 1958 p. 662 


Wat oh ieenhaere... ye 


73 


“Magnetic Recording Media Considerations for Improving Masters 
and Dubs” by Russell J. Tinkham, Ampex Corp., Redwood City, 
Calif. Four unidentified samples of magnetic tape are compared 
for high-frequency response, signal and noise levels, distortion, and 
bias characteristics. 


807 Vol. 67 November, 1958 p. 750 


“The Electrostatic Uniangular Microphone” by Harry F. Olson and 
John Preston, RCA Laboratories, Princeton, N. J. The response 
of this unidirectional microphone to random sounds is '4 that of 
nondirectional microphones as compared to 1% for a cardioid pat- 
tern microphone. The microphone is four times as sensitive as 
the most sensitive existing microphone. 


808 Vol. 67 December, 1958 p. 822 


“International Standardization of Magnetic Sound on Film—A 
Status Report” by Malcolm G. Townsley, Bell & Howell Co., 
Chicago, Il]. This report gives the history of the international 
standardization of magnetic sound on film as a typical International 
Standards Organization proceeding. Recorded frequency charac- 
teristic curves, with tolerances and in terms of the relative normal 
surface induction, are shown for both 16- and 35-mm magnetic film. 


809 Vol. 68 August, 1959 p. 538 


“A New Approach to Balanced Audio Levels in Television” by 
Robert B. Monroe, CBS Television Network, New York. Results 
are given of a study of the differences in loudness of various por- 
tions of TV programs and the use of a special AGC characteristic 
which minimizes these differences. 


Noise Control 
810 Vol. 4 July, 1958 p. 24 


“Equalization of Sound Systems” by Wayne Rudmose, Southern 
Methodist University, Dallas, Texas. Techniques are described for 
the measurement of the frequency response of public address sys- 
tems including the effect of auditorium acoustics. The resulting 
measurements facilitate the corrective equalization of the frequency 
response of such systems. Curves are shown for four sound system 
installations, before and after corrective equalization. 


Proceedings of the IRE 


8 


11 Vol. 46 October, 1958 p. 1686 

“The Westrex StereoDisk System” by C. C. Davis and J. G. Frayne, 
Westrex Corp., Hollywood, Calif. This paper serves as an excellent 
introduction to the paper by the same authors, “Recent Develop- 
ments in Stereo Disc Recording,” in the October, 1959 issue of our 
Journal. Information is given on the comparison of vertical- 
lateral and 45-45 stereo disk systems, and the design and perform- 
ance of Westrex 3A Recorder (cutterhead) and 10A Reprod. 
(pickup). The effect of the vertical angle of stylus motion for 
both recorder and reproducer is discussed. Data are presented for 
various forms of nonlinear distortion encountered in stereo disk 
systems. 


812 Vol. 46 December, 1958 p. 1928 


IRE Standards on Audio Techniques. Definitions of Terms, 1958. 


813 Vol. 46 December, 1958 p. 1940 


IRE Standards on Recording and Reproducing: Methods of Cali- 
bration of Mechanically-Recorded Lateral Frequency Records, 
1958. This standard, 58 IRE 19. S1, was approved by the IRE 
Standards Committee, February 13, 1958. Detailed information is 
given on the calibration of frequency test records by the following 
three methods: (1) Microscope Method—the amplitude of groove 
modulation is measured directly; (2) Light-Pattern Method—de- 
pends on the principle that reflected light from a band of recorded 
grooves forms a pattern the width of which is directly proportional 
to the recorded velocity; (3) Variable-Speed Method—each fre- 
quency band is reproduced using a number of turntable speeds 
producing a series of overlapping frequency response curves. 


Radio & TV News 
814 March, 1959 p. 62 


“Testing Electrostatic Loudspeakers” by Arthur A. Janszen, Janszen 
Laboratory, Inc. Comprehensive performance data are given for 
the Janszen Model 130 electrostatic loudspeaker. 
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What’s 


your 
residual? 


no. No, NO! We don’t mean that. We're 
talking about the residual IM (leakage) in your 
IM meter. If your meter is anything except an AI, 
the residual is probably 0.2 to 0.5%. But a high 
quality amplifier itself should have less than 
0.25% at normal listening levels. Are you meas- 
uring your amplifiers or are you measuring the 
imperfections of your meter? 

Here’s how you can tell: Connect the signal 
generator output of your meter directly to the 
input terminals of its analyzer section, then 
measure the IM. Don’t connect any amplifiers 
in at all. If you get a reading of over 0.05%, 
reach for your requisition pad and order an ai 
Mcdel 168 cr 168D. 


ail intermodulation meters have six delicious features: 
compact—on 834” x 19” panel 
wide low frequency range—40 to 200 or 400 cps 
wide high frequency range—2000 to 20,000 cps 
low residual IM (leakage)—under 0.05% 
vtvm included—30, 100, 300 mv; 1, 3, 10, 30, 

100 volts, full scale 

low price 


used by such leading equipment manufacturers as: 
Admiral, Ampro, Arvin, Blonder-Tongue, Bceing, 
Bogen, Fairchild, GE, Hazeltine, Langevin, Low- 
rey Organ, Marantz, N. V. Philips, Radio Crafts- 
men, RCA, Rock-Ola, Seeburg, Sonotone, Stan- 
cor, Stromberg Carlson, Warwick and leading 
recording organizations like RCA and Capitol. 


DO YOU KNOW ABOUT OUR NEW MODEL 168D? 


Write for new Catalog A-2 


* 
Ci _ audio instrument co., inc. 


135 West 14 Street, New York 11, New 


FAIRCHILD 


CONAX 


e CONAX—by FAIRCHILD, is a revolutionary new 
device for controlling groove accel- 
eration in disk recording. 


e CONAX—previews program material in empha- 
sized form for ultimate high frequency 
control operation. 


e CONAX—reduces tracing distortion and track- 
ing problems. 


@ CONAX—permits increased stereo record life. 


e CONAX—action: instantaneous and inaudible, 
automatic. 


e CONAX—can reduce distortion in tape record- 
ing and tape duplication. 


e CONAX—can produce increased signal levels 
in FM broadcasting. 


CONAX has been engineered by 
FAIRCHILD to cope with the problem 
of distortion produced in recording 
and broadcasting, by excessive, in- 
stantaneous high frequency peaks. 
The device is based on the integrating 
properties of the human ear. The 
CONAX action is _ instantaneous— 
1/40,000ths of a second, assuring no 
degradation of quality. CONAX is 
efficient in eliminating problems of 
overload from loud cymbals, muted 
trumpets, bells, cymbals and the ever 
present sibilant singer. 


For complete technical data on CONAX write to: 


FAIRCHILD 
RECORDING EQUIPMENT CORP. 


Professional Products Division 
10-40 45th Avenue 
Long Island City 1, New York 
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OLLECTORS’ SERIES 380: Hermetically sealed and 
fully encapsulated in precious mu-metal for a life- 
time of trouble-free and hum-free performance. Without 
question the finest pickup available...with more quality 
features than any other pickup on the market. Two com- 
pliance ranges—‘‘A”’ type ‘“V-GUARD”’ stylus for tran- 
scription tone arms; ‘‘C’’ type ““V-GUARD”’ stylus for 
auto-changer arms. Flat + 2 db from 20 to 20,000 cps.; 
Exclusive magnetic discriminator provides channel sep- 
aration of 25 db or better. Push-pull magnetic gen- 
erator provides an output of 2 mv per cm/second of 
recorded level per channel, generously adequate for 
any make preamplifier with a magnetic cartridge input. 
Four output terminals plus exclusive, optional metal- 
case ground strip to prevent ground loops with metal 
tone arms. Recommended tracking force: ‘‘A’’ stylus in 
transcription tone arms from 2 to 5 grams; “‘C’’ stylus 
in auto-changer tone arms from 3 to 7 grams. 


Model 380E ‘‘Collectors’ Ensemble” includes the 380 Stanton 
Stereo FLUXVALVE with 3 ‘‘V-GUARD”’ styli: 
D3807A for stereo; D3810A for microgroove; 
EE es a $60.00 


Model 380A includes the Stanton Stereo FLUXVALVE and 
D3807A ‘‘V-GUARD” stylus for transcription arms 
eh aia eerie Fb pin chins apo ee ks bk $34.50 


Model 380C includes the Stanton Stereo FLUXVALVE and 
D3807C ‘‘V-GUARD”’ stylus for auto-changer arms 
Ry ey ers eee ers ee $29.85 


* PICKERING — for more than a decade— 
the world’s most experienced manufacturer 
of high fidelity pickups... supplier to the 

recording industry. 


FOR THOSE : WHO CAN HEAR THE DIFFERENCE 
* k J 


PICKERING & CO., INC., PLAINVIEW, NEW YORK 


from Plekering” 


HE broadest line of stereo cartridges available... 

each model fully compatible for all records, stereo- 
phonic and monophonic —— STANTON Stereo 
FLUXVALVE Pickups for every application, for 
every listening requirement and for every individual 
taste. Only PICKERING offers the lifetime pickup 
in both, the Collectors’ and Pro-Standard Series. 


RO-STANDARD SERIES 371: Hermetically sealed for 

a lifetime of trouble-free performance. Two com- 
pliance ranges—‘‘A” type ‘‘T-GUARD”’ stylus for tran- 
scription arms; ‘‘C’’ type ‘“‘T-GUARD”’ stylus for auto- 
changer tone arms. Response is flat, + 2 db 20 to 
20,000 cps. Exclusive magnetic discriminator provides 
channel separation of better than 20 db over the entire 
stereo range. Balanced ‘‘hum bucking”’ push puli mag- 
netic generator provides an output of 2 mv per cm/ 
second of recorded level per channel, generously ade- 
quate for any make preamplifier with a magnetic car- 
tridge input. Recommended tracking force: ‘‘A’’ stylus 
in transcription tone arms from 2 to 5 grams; ‘‘C’’ stylus 
in auto-changer tone arms from 3 to 7 grams. 


Model 371A MkIlincludes the 371 Stanton Stereo FLUXVALVE 
with D3707A “‘T-GUARD” Stylus for trans- 
CU Eo wicinc + sod cede $26.40 


Model 371C MkIlincludes the Stanton Stereo FLUXVALVE with 
D3707C “‘T-GUARD” Stylus for auto-changer 
arms 


ee ELE TER ST Le. $24.00 
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Unique 


TAPE 
STROBE 


EXCLUSIVE NEW STROBE 
DEVICE FOR CHECKING 
TAPE SPEEDS OF PLAYERS 
AND TAPE RECORDERS 


Immediately indicates off speeds as well as tape slippage. 
Checks drag brake efficiency. 

Adjustable to varying tape heights. 

Can be applied directly to moving tape. 

Finest parts and construction used throughout. 

Diameter accuracy .0002” 

Calibrated for tape speeds of 7¥2, 15 and 30 ips; 3%, 74 
and 15 ips; for either 50 cycles per sec. or 60 cycles per 
sec. light source. 


Comes complete in handsome grey and red instrument case 
for only $22.50 complete. Send check to: 


Scott Instrument Labs., Dept. 803 


17 EAST 48th STREET, NEW YORK 17, N. Y. 


Once you've tried the Tape Strobe, you'll never do without it. 


AUDIO ENGINEERING SOCIETY 
P. O. Box 12, Old Chelsea S-ation, New York 11, N. Y. 
ORDER FORM FOR PREPRINTS 
Presented at the Ninth Annual Convention, October, 1957 


No. Author(s) Title No. of Copies 


1 Marvin B. Herscher High Power Audio Amplifiers 
2 R.E.Werner&R.M. Application of Negative Impedance 
Carrell Amplifiers to Loudspeaker Systems 

3 Norman H. Crowhurst Some Defects in Amplifier Perform- 
ance not Covered by Standard 
Specifications 

Stereophonic Sound with Two Tracks, 
Three Channels by Means of a 
Phantom Circuit 

Manfred R. Schroeder An Artificial Stereophonic Effect Ob- 
tained from Using a Single Signal ........ 

The High Fidelity User Looks at Pick- 
up Design 

B. A. Schwarz & D.E. Some Observations on Reproduced 


4 Paul W. Klipsch 


Julian D. Hirsch 


woo NO 


Brinkerhoft Sound in an Automobile  —— ....... 
R. Vermeulen Stereo-Reverberation 
Harry F. Olson Stereophonic Sound Reproduction 


in the Home iachael 
10 Rein Narma & E. P. A New Approach to the High Per- 
Skov formance Turntable Problem 
A Wide Range Loudspeaker System 


Name (please print) 


Address 


Total No. of preprints ordered 


Amount enclosed $ 
Prices: 50c per copy to members; 85c per copy to nonmembers 


FAIRCHILD 


RECORDING EQUIPMENT DESIGNED 
FOR PROFESSIONAL USE . . . 


Over two decades of research and 
development by FAIRCHILD has 
consistently produced advanced 
professional products for the re- 
cording and broadcast industry, 


including: 
@ The First Synchronous studio disk recorder. 
e First electronic-picture recording — the 1940 


FAIRCHILD facsimile recorder. 
e FAIRCHILD Pic-Sync tape recording. 
Industry-introduction of the hot stylus technique. 


e First commercial Stereo Playback cartridge— 
1957 Model 603. 


e AND NOW, FAIRCHILD introduces a line of in- 
tegrated STEREO recording equipment featur- 
jing 

The 670 LIMITER: unique design allows indepen- 

dent control of vertical and lateral amplitudes, 

with a minimum loss of separation, allowing high 
degree of limiting with no audible “thumps”. 

The 605 STEREO DISK PLAYBACK EQUALIZER- 

AMPLIFIER. Can be used for mono or stereo, will 

accommodate cartridges from 18 to 50,000 ohms, 

with individual response controls to compensate 
for various cartridges. 

The 641 STEREO DISK RECORDING SYSTEM— 

featuring a unique, stable feedback control sys- 

tem, a modern amplifier and a rugged cutter com- 
bined to produce audibly superior stereo disks 
and outstanding monophonic disks. 

The 602 STEREO CONAC~—unique device con- 

trolling groove accelerations for higher level 

recordings. 

Complete technical information on FAIRCHILD 

professional products available. WRITE: 


FAIRCHILD 
RECORDING EQUIPMENT CORP. 


. Professional Products Division 
Ay. 
FS 10-40 45th Avenue 


Long Island City 1, New York 
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Precision Turntables 


EMT 927 and EMT 930 High- 
precision Transcription Turn- 
tables with dynamic pick-up, 
start-stop brake for remote con- 
trolled operation. 


Wow & Flutter Meters 


EMT 414 and EMT 418 Wow 
& Flutter Meters for construc- 
tion and maintenance of 
recording and reproducing 
equipment. 


STUDER 30 


magnetic tape recorder with 
balance for constant tape 
tension. 

Tape speed 7¥2 and 15 i. p. s. 


Reverberation Set 


EMT 140 Reverberation Set for artificial 
echo effects with reverberation time 
adjustable between 1 and 5 seconds. 


STELLAVOX 


battery operated, transistorized 
magnetic tape recorder. 

Tape speed 712 i. p. s. 

Weight only 4 lbs. 


Special Audio 
Frequency Cables 


for studio purposes. Double 
screened, and especially HF 
proof. 


Dynamic and 
Condenser Microphones 


for studio operation with direc- 
tional and omnidirectional radia- 
tion characteristic. 


194 RICHMOND HILL AVENUE 


STAMFORD, CONNECTICUT 
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EVERYTHING YOU NEED 
for SOUND and VIBRATION ANALYSIS 


Vibralyzer” —$2495.00 


An audio and sub-audio spectrogzaph in 5-4400 
eps range. Provides Fourier analysis of transient 
or steady state signals; makes up to three per- 
manent visual displays. 


® 
Sona-Graph Model Recorder—$2950 


Audio spectrograph for sound and vibration 
analysis. Provides 4 permanent storable records 
of audio energy in the 85-12,000 cps range .. . 
3 visual displays plus an aural record on 12” 
plastic base magnetic disc. 


® 
Echo- Vow Sr. —$17395.00 


A time delay for 40-12,000 cps signals variable 
from 20 to 1600 milliseconds. A narrow band 
low frequency filter—measures Doppler Sonar. 


Sonagram Paper —$55. & $65./1000 


Non-photographic recording paper for use with 
Vibralyzer, Sona-Graph, etc. 


Scale Magnifier —s350.00 


Expands a 10% portion of recorded pattern over 
entire 4” marking area for more detailed 
Vibralyzer or Sona-Graph study. 


® R.T.M.—Kay Electric Co. 


ACCESSORIES 


KAY 


KAY 


Sona-Graph * _ $2295.00 


An audio spectrograph in 85-8000 cps range. 
Performance similar to Vibralyzer, but more 
suited to speech and music studies. Higher fre- 
quencies on special order. 


® 
Sonalyzer (Model 30)—$1995.00 


A 30-channel spectrum analyzer for anti-missile, 
satellite, and telemetering studies. Standard 
unit, 100-4000 cps; on special order to 20 ke 
and higher. 


Vari -Vox —$1495.00 


Doubles tempo of speech or other audio signal 
or slows it to one-third of normal with no loss 
of intelligibility or change in frequency. 


Amplitude Display Unit —s175.00 


Displays Intensity in db vs Time on Sona- 
Graph, Vibralyzer, ete. 


Sectioner Micrometer Plate —$50.00 


Increases Intensity vs Frequency analysis of 
Vibralyzer, Sona-Graph, etc., to 300 sections 8 
milliseconds apart. 


All prices f.o.b. factory 


Aw™ 


Write for New Kay Catalog 


KAY ELECTRIC COMPANY 
Dept. AES-1 MAPLE AVENUE PINE BROOK.N.J.  CApital 6-4000 


CBN LM LORRAINE LLL LEBER LONE ON LELAND LEN AACR a AN 


Vv Journal of the Audio Endineering Society, January, 1960 


a re eee = 
: : KAY 3 sn Gt I BE Sb siti OO ew ee ee \ 
- TC eS 
ev el \ 
4 ‘ wa ashi: eee 
q 
-_ iW —_— a ' 
> Pe Po | 
. q@ 
= 
D :. Po ee | 
|. . | TS  r——C—m——OSCCL OO OO 
ee ee 
Pe Po 
z Po Ps 
cf 
PC PC I 
Po 
1 a 


—_ 


=.) 


Aw™ 


1 o> 
a Sw 


937O WF 
QOno= 
OmrnaxorrO” © 


S====r==== 
=o 
7. 


DP 
w 
er) 


---AMERICA’S FINEST BROADCAST STATIONS DEPEND ON 


EMT 140 REVERBERATION SET 
for REVERBERATION WITHOUT COLORATION 


Where lifelike broadcast quality is desired, where accurate control of effects is a must, the nation’s leading broadcast engi- 
neers know that nothing replaces the EMT 140 Reverberation Set. 


WHY? Because the EMT 140 adds controlled reverberation from .7 to 5 seconds without any trace of coloration. Gradual decline 
of reverberation time is easy and accurate. Reverberation generator is insensitive to acoustic interference, regardless of place- 


ment. Compact size, only 9442” |. x 13” w. x 51” h., eliminates the need for space-consuming acoustical chambers. Does not 
require modification of your present console. 


lf your requirements admit no consideration of “second best,” then, by all means, consider the EMT 140. For full information, 
write or call Mr. Harvey Sampson, Jr. 


a A R yy gE Y Estab. 1927 __ } For the latest and best in 
ae broadcast equipment, visit 
= RADIO COMPANY, INC. Harvey. Come in any time. 


r ion yey’s | ; 
103 West 43rd Street, New York 36, WY. JU 2-1500 ia a 
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Information for Convention and/or JOURNAL Authors 


SUGGESTIONS FOR PREPARING MANUSCRIPTS, PHOTOGRAPHS, CHARTS, 
DRAWINGS, AND LANTERN SLIDES; LETTERING SIZES, MAILING 


A Journal of original record. Papers orig- 
inally published elsewhere or promised for 
publication elsewhere are not accepted for 
presentation at Audio Engineering Society 
Conventions or for publication in the Jour- 
NAL OF THE AES. In rare instances, excep- 
tions may be made by the Conventicn and 
Publications Committees at their discretion. 

All papers presented at AES Conventions 
are automatically considered for publication 
in the Journar. 

Free and clear. It is assumed that all 
manuscripts submitted to the AES are offered 
free and clear. Any paper accepted for pre- 
sentation before the Society or for publica- 
tion in the Journat or THE AES becomes the 
exclusive property of the Audio Engineering 
Society. Complete publication rights are held 
by the AES for primary publication in the 
Journat. 

Permission to reprint—in whole or in part 
—papers originally published in the JournaL 
or THE AES is usually granted freely by the 
Publications Committee upon written request 
and provided the authors agree. 

Multiple bylines. If the paper is to have 
more than one author, the exact form of the 
byline should be indicated on the manuscript 
and will be considered correct by the AES 
as given. 

Vital data. Make sure that the first page 
of your manuscript carries your name pre- 
cisely as you would like it rendered in the 
event of publication. If your business, pro- 
fessional or academic affiliation is to be given, 
this, too, should be included. If your posi- 
tion bears a formal title, you may include it. 

Typing the manuscript. Only one side of 
the sheet should be used. Margins should be 
at least one inch wide on each side. Triple 
spacing is preferred. 

Reviewing of the manuscript is speeded up 
considerably if several copies are submitted. 
(This is helpful but in no sense mandatory.) 
The copies may be clear carbons, mimeo- 
graphed sheets, copies made on a “spirit” 
duplicator, or blueprints. Review copies of 
diagrams, schematics, and graphs may be 
made by any convenient process. 

Abstract. The author should precede his 
text by an abstract summarizing the paper in 
general. The abstract may include a sum- 
mary of observations and conclusions set 
forth. 

Subheads. Subheadings for important sec- 
tions of the paper make it easier to read in 
printed form. 

References. References to periodical litera- 
ture should include the author’s full name, 
exact title of the article or paper cited, full 
name of the publication, volume number, 
page numbers, month, and year. Book refer- 
ences should include the author’s full name, 
full title of the book, the specific page or 
pages referred to, the publisher, place of pub- 
lication, and year of publication. References 
to patent literature should preferably be 


INSTRUCTIONS, ETC. 
giver. as follows: name, number of the patent 
(U. S. or foreign), date of filing, and date of 
issue. A brief description of the patent is 
helpful. 


Mathematical symbols. Care should be 
taken to make all mathematical expressions 
clear to the printer. All Greek letters and 
any unusual symbols should be identified in 
the margin. Only the very simplest formulas 
should be typewritten: all others should be 
written in carefully in ink. Do not negiect 
to give the meanings of all symbols used. 

Captions for illustrations. A caption— 
properly identified—should be supplied for 
each illustration and a legend for ezch chart. 
These captions should be listed—in complete 
form and consecutively—on a single sheet of 
paper. 

Photographs. All illustrative material 
needed for a particular manuscript should be 
referred to specifically in the text and should 
accompany the manuscript when it is mailed. 

Photographs and drawings should be pre- 
pared carefully to insure good reproduction. 
Photos should be standard 8 in. x 10 in. glossy 
prints. Since extremely fine detail tends to 
be obscured in all reproduction processes, it 
is often advisable to include a separate pic- 
ture—i.e., a “closeup”—of any highly signifi- 
cant detail, in addition to the general view 
which describes the overall field. 

Drawings. The reproduction copies of 
sketches, of curves, or schematics (as distin- 
guished from any review copies submitted) 
should preferably be original drawings in 
India ink on white paper or on tracing paper, 
8¥Y in. x 11 in. Curves made on conventional 
graph paper will reproduce poorly, but black 
India ink tracings, in which only the princi- 
pal cross-section lines are rendered, are satis- 
factory. 

Sharp, high-contrast photographs of line 
drawings are acceptable. 

Please do not send black-and-white lantern 
slides or color transparencies for publication 
—only photographic prints or original draw- 
ings should be submitted. 

Lettering. On the aforementioned 8% in. 
x 11 in. sheets, lettering and numerical data 
should not be less than 0.12 in. high. Neces- 
sary labeling should be lettered onto curves 
and sketches. On the other hand if extensive 
descriptive material is needed, it is better to 
put such information into the typewritten 
captions rather than to attempt to letter the 
information onto the curve or sketch. 

Mailing. Mail one copy of your manu- 
script to the Convention Chairman. This 
copy is for scheduling and publicity pur- 
poses. Please mail all other copies of your 
manuscript to the Secretary at the Society’s 
Office. 

Mail that copy of the manuscript which is 
accompanied by the reproduction copies of 
your illustrative material (the editor’s copy) 
flat, with plenty of stiff cardboard enclosed. 
It is advisable to mark the envelope 
“PLEASE DO NOT BEND.” 


ORAL PRESENTATION OF THE PAPER 

Time allotment. The average time allowed 
for any paper, unless the author requests 
more time on his Author’s Form, is 20 
minutes. If you are not going to deliver 
your paper in person, please supply the name 
of your alternate to the Convention Chair- 
man as early as possible. 

Special oral version. An informal version 
of approximately 20 minutes, having an air 
of spontaneity, is usually more effective than 
a rushed verbatim reading of the manuscript 
exactly as written for publication. Many 
authors, after submitting the formal full- 
length version of their paper for publication, 
prepare an informal version for their guid- 
ance during oral delivery. 

Demonstrations. Demonstrations always 
add interest. They should be set up well in 


’ advance of the particular session for which 


they are intended and tested under actual 
operating conditions. The Convention Com- 
mittee will cooperate in every way within 
its power. 

Facilities. If you expect to need a black- 
board or any special facilities (electric power, 
large table or tables, etc.) please notify the 
Convention Chairman as early as possible. 

Lantern slides. Photographs, diagrams, 
charts, and curves intended to accompany 
oral delivery should be in the form of stand- 
ard American lantern slides (31% in. x 4 in.) 
or 2 in. x 2 in. transparencies. The long 
dimension of the projected area should be 
horizontal in the standard slide, but may be 
either horizontal or vertical in the 2 in. x 
2 in. slide. 

PLEASE NOTE: Opaque projection of 
paper prints or drawings is not recommended. 
Nor can we guarantee that facilities for this 
type of projection will be provided. Because 
of the dimness of the image, opaque projec- 
tion is unsatisfactory for large audiences. 

Lettering on lantern slides. Charts, dia- 
grams and curves from which lantern slides 
are to be made should be held within the pro- 
portions or overall dimensions of 7 in. x 10 
in., with no more than 20, and preferably 
only 15 words to a chart. Vertical Gothic 
capitals are recommended. 

For a 7 in. x 10 in. working area, the 
smallest desirable letter height is 0.14 in. 
(made with a Leroy pen 0 or Wrico pen 7). 

Recommended, too, are the following line 
widths: 

For curves—1%4 to 2 points or 0.021 
in. to 0.028 in. 

For grid rules—% point or 0.007 in. 

For reference lines—1 point or 0.014 
in. 

Thumb marks. To indicate proper orienta- 
tion, a thumb mark should be placed in the 
lower left-hand corner of the slide, when the 
latter is viewed as it will appear projected on 
the screen. 

More complete information on lantern slide 
dimensions is given in American Standard 
Dimensions for Lantern Slides, Z38.7.19-1950 


Mailing address: Audio Engineering Society, P.O. Box 12, Old Chelsea Station, New York 11, N. Y. 
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Send your order to: 


AUDIO ENGINEERING SOCIETY, P. O. Box 12, Old Chelsea Station, New York 11, N. Y. 
PREPRINTS available from 11th Annual Convention, October 5-9, 1959 


No. AuTHors(s) TITLE 

90 Robert C. Ramsey A New Cardioid-Line Microphone 

91 Richard C. Heyser A Signal Biasing Output Transformerless Transistor Power Amplifier 

92 John A. Ekiss* Transistor AC Amplifiers With High Input Impedance: A Survey 

93 W. F. Palmer Practical Transformerless Complementary-Symmetry Audio Output 

Amplifiers 

94 Dr. John Pierce The Computer As a Musical Instrument 

95 H.C. Lin and B. H. White Cascade Complementary Amplifier 

96 John G. McKnight Some New Data On Frequency Response Of Magnetic Recorders For Audio 
100 Felix R. Bremy New Concepts In Audio Testing and Evaluation 


101 


102 
103 
104 
105 
110 
111 


112 


113 
114 


115 


116 


117 
118 


119 
120 
121 
122 


123 


124 
125 
130 
131 


132 
133 


Prices: 50c per copy to members; 85c per copy to nonmembers; $9 for complete set 


Robert P. Schroeder 


Carlos E. R. A. Moura 
R. E. Moe* 

John Mosely* 
Erling P. Skov 
Henry Korkes 

Harry F. Olson and 
John Bleazy* 

Harry F. Olson, and 
Herbert Belar* 
William S. Latham 
John G. Frayne 


A. A. Goldberg and Emil 
L. Torick* 


J. G. Woodward and E. 
Della Torre* 


Frazer E. Leslie 
Edward Schmidt* 


Lawrence Knees 
John G. McKnight 
T. Gerald Dyar 
H. R. Finney 


W. H. Beaubien and 
H. B. Moore 


Charles J. Hirsch* 

A. Jamroz 

Henry Korkes 

Jacob Klapper and Cyril 
M. Harris 

George B. Goodall* 

J. Rodrigues de Miranda 


* Papers published in this issue. 


The Effect of AC Bias Waveform On Harmonic Distortion In Magnetic Tape 
Recording 

Practical Aspects of High Fidelity Disc Recording 

A Survey of Some New Tubes for Audio Output Applications 
Eliminating The Stereo Seat 

Equalized Stereo Preamplifier For Professional Use 
Reverberation Facilities At CBS Radio 

Synthetic Reverberation 


Acoustics Of Sound Reproduction In The Home 


A Full Track Stereophonic Magnetic Record-Reproduce Head 
The Use of 35-mm Sprocket Type Magnetic Film In Recording Phonograph 
Masters 

A New Equalization Characteristic For Master Tape Recording 


Magnetic Characteristics of Recording Tapes And The Mechanism of The 
Recording Process 

The Tape-Head Relationship In Multi-Track Recording 

Properties Of Base Materials Used For The Manufacture Of Magnetic 
Recording Tape 

Manufacture And Use Of Double Coated Tape For Continuous Magazines 
Why Stereo? The Philosophy of Multichannel Recorded Music 
Three-Speaker Stereo 

Spacial Stereo—The Subjective System Concept To Stereophonic Listening 
In The Home 

Stereophonic Perception As A Function of Frequency 


Status Report Of National Stereophonic Radio Committee 

The Design And Use Of A Double Cardioid Stereophonic Microphone 
Audio Isolation Networks 

A Variable Transmission Network For Audio Signals 


Design And Development Of An Engineering Report 
Photo-Sensitive Resistor In An Overload-Preventing Arrangement 
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SUSTAINING AFFILIATES 


Grateful thanks of the Audio Engineering Society are hereby extended 
to the following organizations which, as sustaining members of the Society, 
help make this publication possible. These organizations are: 


Acoustic Resgarcu, Inc. 

A Tec LANsING CorporaTION 

AMI IncorporaTep 

Ampex Aupio, INc., Ampex CorPoraTION 

Aupio 

Aupto Devices, Inc. 

Avupi0 Fiwe.ity ProressioNaAL Propucts, INc. 
Aup1o Matrix Corporation 

B. anp C. 'Recorpine, Inc. 

BartisH _INpustries Corporation 

Carrro: Recorps, Inc. 

Co_umsia Recorps, INc. 

ComMPONENTS CORPORATION 

DicraPHONE CorPORATION 

FamrcHitp RecorpiInc EquipMENT CorPoRATION 
Harvey Rapio Company, Inc. 

Hicu Fineuiry, AupiocraFT 

InstiTruTEe oF Hich Fmeuiry MANUFACTURERS, INC. 
INTERNATIONAL BusINgess MACHINES CORPORATION 
James B. LANsinc Sounp, Inc. 

McIntosH Lasoratory, INc. 

MEASUREMENTS CORPORATION 

PERMOFLUX CORPORATION 

Pickerinc & Company, Inc. 

RCA Lasoratories, Rapio CorPoRATION OF AMERICA 
Rapio RECORDERS 

Reeves Sounp Stvupios, Inc. 

Reeves SouNpcRAFT CorPoRATION 

Rex-O-Kut Company 
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